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(57) Abstract 



A communication system (100) broadcasting over a plurality of subchannels comprises a resource controller unit (204) having at 
least one of the plurality of subchannels serving as a control channel for addressing subscribers and directing them to receive messages or 
data on a set or a subset of the plurality of the subchannels, input means (240) for sending messages to the resource controller unit, and a 
selective call receiver (106) addressable by the resource controller unit, capable of receiving messages as directed by the resource controller 
on any of the subchannels and time slots directed by the resource controller. 



FOR THE PURPOSES OF INFORMATION ONLY 



Codes used to identify States party to the PCT on the front pages of pamphlets publishing international 
applications under the PCT. 



AT 


Austria 


GB 


United Kingdom 


MR 


Mauritania 


AU 


Australia 


GE 


Georgia 


MW 


Malawi 


BB 


Barbados 


GN 


Guinea 


NE 


Niger 


BE 


Belgium 


GR 


Greece 


NL 


Netherlands 


BF 


Burkina Faso 


HU 


Hungary 


NO 


Norway 


BG 


Bulgaria 


IE 


Ireland 


NZ 


New Zealand 


BJ 


Benin 


IT 


Italy 


PL 


Poland 


BR 


Brazil 


JP 


Japan 


PT 


Portugal 


BY 


Belarus 


KE 


Kenya 


RO 


Romania 


CA 


Canada 


KG 


Kyrgystan 


RU 


Russian Federation 


CF 


Central African Republic 


KP 


Democratic People's Republic 


SD 


Sudan 


CG 


Congo 




of Korea 


SE 


Sweden 


CH 


Switzerland 


KR 


Republic of Korea 


SI 


Slovenia 


CI 


Cdte d'lvoire 


KZ 


Kazakhstan 


SK 


Slovakia 


CM 


Cameroon 


LI 


Liechtenstein 


SN 


Senegal 


CN 


China 


LK 


Sri Lanka 


TD 


Chad 


CS 


Czechoslovakia 


LU 


Luxembourg 


TG 


Togo 


CZ 


Czech Republic 


LV 


Latvia 


TJ 


Tajikistan 


DE 


Germany 


MC 


Monaco 


TT 


Trinidad and Tobago 


DK 


Denmark 


MD 


Republic of Moldova 


UA 


Ukraine 


ES 


Spain 


MG 


Madagascar 


US 


United States of America 


FI 


Finland 


ML 


Mali 


uz 


Uzbekistan 


FR 


France 


MN 


Mongolia 


VN 


Viet Nam 


GA 


Gabon 











WO 95/30316 



PCT/US95/05377 



5 

MULTIPLE SUBCHANNEL FLEXIBLE PROTOCOL 
METHOD AND APPARATUS 

Technical Field 

1 0 This invention relates generally to the field of 

communication systems and protocols and in particular, to a 
communication system and protocol that reallocates resources 
within multiple subchannels. 



15 Background 

There are many data communications systems in operation 
today which provide message distribution to data communication 
receivers, such as pagers. Many of these systems utilize 
signaling protocols which utilize time slots, or transmission 

20 frames, to which the pagers are assigned, thereby providing 

battery saving functions and other efficiencies during the normal 
course of message transmission. A paging terminal was provided 
in such systems to encode the received messages for 
transmission to the intended pagers during the assigned 

25 transmission frames. In signaling protocols such as the POCSAG 
signaling protocol, each time slot, or transmission frame, allowed 
for the transmission of only two code words, either both address 
code words, an address and a message code word, or two 
message code words. Since the transmission of even a simple 

30 telephone number required as a minimum two message code 
words, numeric message transmissions required on the average 
one and one-half frames, which periodically resulted in the 
inability to transmit address code words during the assigned 
transmission frames, because the transmission frame was filled 

35 by message code words associated with address code words 
transmitted in the previous transmission frame. 
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The above problem was alleviated in some signaling 
protocols by increasing the number of code words which could be 
transmitted in any transmission frame. However, when the 
number of transmittable code words is selected for the 
5 transmission frames, such transmission frames often have to be 
filled with idle code words when an insufficient number of 
messages have been received for transmission during any 
particular transmission frame. Such signaling protocols were 
also limited in the number of data communication receivers, or 

1 0 pagers, which could be assigned, or operated on any given 
channel, before the channel reached its maximum capacity. By 
increasing the transmission speed, additional pagers could be 
added to the system, however at the expense of a significant 
amount of unused channel capacity, until the system again filled 

1 5 up. Then, other systems resolved this problem (as described in 
pending applications assigned to the present assignee hereof 
and incorporated by reference herein by Schwendeman et al. 
having the Application No. 07/891,363 entitled "Data 
Communication Receiver Having Variable Length Message 

20 Carry-On" and by Kuznicki et al having the Application No. 
07/891,503 and entitled "Data Communication Terminal 
Providing Variable Length Message Carry-On") by providing for a 
flexible system which enabled reconfiguring the amount of 
information which can be transmitted on the channel within the 

25 available transmission frames in order to maximize message 
throughput on a channel. These applications describe a flexible 
system which enables reconfiguring the amount of information 
which can be transmitted on a single channel within the available 
transmission frames. As the demand for greater capacity and 

30 throughput increases, there still exists a need for systems that 
make full use of subchannels to provide even greater throughput 
and flexibility than disclosed by the Applications by Kuznicki et al 
and Schwendeman et al. referred to herein above. 

35 Summary of the Invention 

A communication system broadcasting over a plurality of 
subchannels comprises a resource controller unit having at least 

2 
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one of the plurality of subchannels serving as a control channel 
for addressing subscribers and directing them to receive 
messages or data on a set or a subset of the plurality of the 
subchannels, input means for sending messages to the resource 
5 controller unit, and a selective call receiver addressable by the 
resource controller unit, capable of receiving messages as 
directed by the resource controller on any of the subchannels and 
time slots directed by the resource controller. 

In another aspect of the present invention, a method 

1 0 for receiving and decoding selective call messages 

transmitted in the form interleaved blocks of time divided 
signals on a plurality of subchannels to a plurality of 
selective call receivers, comprises the steps at one of the 
selective call receivers of decoding at least a first received 

1 5 block of information containing address and vector 

information for at least a first addressed message, at least 
a portion of the first received block being a control channel. 
Then, determining where the first addressed message will 
begin and the length of the first message from the address 

20 and vector information. And finally, decoding subsequent 
blocks of information on the plurality of subchannels to 
decode the first addressed message, the first addressed 
message being capable of residing in contiguous sections 
of blocks and portions of blocks on the plurality of 

25 subchannels. 

Brief Description of the Drawings 

FIG. 1 is an electrical block diagram of a data transmission 
30 system in accordance with the present invention. 

FIG. 2 is an electrical block diagram of a terminal for 
processing and transmitting message information in accordance 
with the present invention. 

FIGS. 3-5 are timing diagrams illustrating the transmission 
35 format of the signaling protocol utilized in accordance with the 
present invention. 

3 
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FIGS. 6 and 7 are timing diagrams illustrating the 
synchronization signals utilized in accordance with the present 
invention. 

FIG. 8 is an electrical block diagram of a data 
5 communication receiver in accordance with the present invention. 

FIG. 9 is a more detailed electrical block diagram of the 
data communication receiver of FIG. 8 in accordance with the 
present invention. 

FIG. 10 is an electrical block diagram of an alternative 
1 0 embodiment of a data communication receiver in accordance with 
the present invention. 

FIG. 1 1 is a more detailed electrical block diagram of the 
data communication receiver of FIG. 10 in accordance with the 
present invention. 
1 5 FIG. 12 is an electrical block diagram of yet another 

alternative embodiment of a data communication receiver in 
accordance with the present invention. 

FIGs. 13-17 are diagrams illustrating the message 
capabilities of a system in accordance with the present invention. 

20 

Detailed Description of the Preferred Embodiment 

FIG. 1 is an electrical block diagram of a data transmission 
system 100, such as a paging system, in accordance with the 
preferred embodiment of the present invention In such a data 

25 transmission system 100, messages originating either from a 
phone, as in a system providing numeric data transmission, or 
from a message entry device, such as an alphanumeric data 
terminal, are routed through the public switched telephone 
network (PSTN) to a paging terminal 102 which processes the 

30 numeric or alphanumeric message information for transmission 
by one or more transmitters 104 provided within the system. 
When multiple transmitters are utilized, the transmitters 104 
preferably simulcast transmit the message information to data 
communication receivers 106. Processing of the numeric and 

35 alphanumeric information by the paging terminal 102, and the 
protocol utilized for the transmission of the messages is described 
below. 



4 



FIG. 2 is an electrical block diagram of the paging terminal 
102 utilized for processing and controlling the transmission of the 
message information in accordance with the present invention. 
Short messages, such as tone-only and numeric messages which 
can be readily entered using a Touch-Tone telephone are 
coupled to the paging terminal 102 through a telephone interface 
202 in a manner well known in the art. Longer messages, such 
as alphanumeric messages which require the use of a data entry 
device are coupled to the paging terminal 102 through a modem 
206 using any of a number of well known modem transmission 
protocols. When a call to place a message is received, a 
controller 204 handles the processing of the message. The 
controller 204 is preferably a microcomputer, such as an 
MC68000 or equivalent, which is manufactured by Motorola Inc., 
and which runs various pre-programmed routines for controlling 
such terminal operations as voice prompts to direct the caller to 
enter the message, or the handshaking protocol to enable 
reception of messages from a data entry device. When a call is 
received, the controller 204 references information stored in the 
subscriber database 208 to determine how the message being 
received is to be processed. The subscriber data base 208 
includes, but is not limited to such information as addresses 
assigned to the data communication receiver, message type 
associated with the address, and information related to the status 
of the data communication receiver, such as active or inactive for 
failure to pay the bill. A data entry terminal 240 is provided which 
couples to the controller 204, and which is used for such 
purposes as entry, updating and deleting of information stored in 
the subscriber data base 208, for monitoring system performance, 
and for obtaining such information as billing information. 

The subscriber database 208 also includes such 
information as to what transmission frame and to what 
transmission phase the data communication receiver is assigned, 
as will be described in further detail below. The received 
message is stored in an active page file 210 which stores the 
messages in queue. Alternatively, the queue is provided in the 
active page file 210. The active page file 210 is preferably a dual 
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port, first in first out random access memory, although it will be 
appreciated that other random access memory devices, such as 
hard disk drives, can be utilized as well. Periodically the 
message information stored in each of the queue is recovered 
5 from the active page file 210 under control of controller 204 using 
timing information such as provided by a real time clock 214, or 
other suitable timing source. The recovered message information 
from the queue is sorted by frame number and is then organized 
by address, message information, and any other information 

1 0 required for transmission, and then batched into frames based 
upon message size by frame batching controller 212. The 
batched frame information is coupled to frame message buffers 
216 which temporarily store the batched frame information until a 
time for further processing and transmission. Frames are batched 

1 5 in numeric sequence, so that while a current frame is being 
transmitted, the next frame to be transmitted is in the frame 
message buffer 216, and the next frame thereafter is being 
retrieved and batched. At the appropriate time, the batched frame 
information stored in the frame message buffer 216 is transferred 

20 to the frame encoder 21 8. The frame encoder 218 encodes the 
address and message information into address and message 
code words required for transmission, as will be described below. 
The encoded address and message code words are ordered into 
blocks and then coupled to a block interleaver 220 which 

25 interleaves preferably eight code words at a time for transmission 
in a manner well known in the art. The interleaved code words 
from each block interleaver 220 are then serially transferred on a 
bit by bit basis into a serial data stream by transmission phase. 
Optionally, if multiple phases are used, then the interleaved code 

30 words form each block interleaver 220 are then serially 

transferred to a phase multiplexer 221 (shown in ghost lines), 
which multiplexes the message information on a bit by bit basis 
into a serial data stream as before. The controller 204 next 
enables a frame sync generator 222 which generates the 

35 synchronization code which is transmitted at the start of each 

frame transmission. The synchronization code is multiplexed with 
address and message information under the control of controller 



204 by serial data splicer 224, and generates therefrom a 
message stream which is properly formatted for transmission. 
The message stream is next coupled to a transmitter controller 
226, which under the control of controller 204 transmits the 
message stream over a distribution channel 228. The distribution 
channel 228 may be any of a number of well known distribution 
channel types, such as wire line, an RF or microwave distribution 
channel, or a satellite distribution link. The distributed message 
stream is transferred to one or more transmitter stations 1 04, 
depending upon the size of the communication system. The 
message stream is first transferred into a dual port buffer 230 
which temporarily stores the message stream prior to 
transmission. At an appropriate time determined by timing and 
control circuit 232, the message stream is recovered from the dual 
port buffer 230 and coupled to the input of preferably a 4 
subchannel, 4-level FSK modulator 234. The modulated 
message stream is then coupled to the transmitter 236 for 
transmission via antenna 238. 

FIGS. 3, 4 and 5 are timing diagrams illustrating the 
transmission format of the signaling protocol utilized in 
accordance with the preferred embodiment of the present 
invention. As shown in FIG. 3, the signaling protocol enables 
message transmission to data communication receivers, such as 
pagers, assigned to one or more of 128 frames which are labeled 
frame 0 through frame 127. It then will be appreciated that the 
actual number of frames provided within the signaling protocol 
can be greater or less than described above. The greater the 
number of frames utilized, the greater the battery life that may be 
provided to the data communication receivers operating within 
the system. The fewer the number of frames utilized, the more 
often messages can be queued and delivered to the data 
communication receivers assigned to any particular frame, 
thereby reducing the latency, or time required to deliver 
messages. 

As shown in FIG. 4, the frames comprise a synchronization 
code (sync) followed preferably by eleven blocks of message 
information which are labeled block 0 through block 10. As 
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shown in FIG. 5. each block of message information comprises 
preferably eight address, control or data code words which are 
labeled word 0 through word 31 for each phase. Consequently, 
each phase in a frame allows the transmission of up to thirty-two 
5 (32) address, control and data code words. (In the case of 4 
subchannel addressing, each phase in a frame allows the 
transmission of up to 4 times 32 words or 128 address, control 
and data code words. The address, control and data code words 
are preferably 31 ,21 BCH code words with an added thirty- 
1 0 second even parity bit which provides an extra bit of distance to 
the code word set. It will be appreciated that other code words, 
such as a 23,12 Golay code word could be utilized as well. 
Unlike the well known POCSAG signaling protocol which 
provides address and data code words which utilize the first code 
1 5 word bit to define the code word type, as either address or data, 
no such distinction is provided for the address and data code 
words in the signaling protocol utilized with the preferred 
embodiment of the present invention. Rather, address and data 
code words are defined by their position within the individual 
20 frames. 

FIGS. 6 and 7 are timing diagrams illustrating the 
synchronization code utilized in accordance with the present 
invention. In particular, as shown in FIG. 6, the synchronization 
code comprises preferably three parts, a first synchronization 
25 code (sync 1), a frame information code word (frame info) and a 
second synchronization code (sync 2). As shown in FIG. 7, the 
first synchronization code comprises first and third portions, 
labeled bit sync 1 and BS1 , which are alternating 1 ,0 bit patterns 
which provides bit synchronization, and second and fourth 
30 portions, labeled "A" and its complement "A bar", which provide 
frame synchronization. The second and fourth portions are 
preferably single 32,21 BCH code words which are predefined to 
provide high code word correlation reliability, and which are also 
used to indicate the data bit rate at which addresses and 
35 messages are transmitted. The table below defines the data bit 
rates which are used in conjunction with the signaling protocol. 

8 



Pit Rate 

1 600 bps 
3200 bps 
6400 bps 



A1 and A1 bar 
A2 and A2 bar 
A3 and A3 bar 
A4 and A4 bar 



"A" Valu e 



Not defined 



As shown in the table above, three data bit rates are 
predefined for address and message transmission, although it will 
be appreciated that more or less data bit rates can be predefined 
as well, depending upon the system requirements. A fourth "A" 
value is also predefined for future use. 

The frame information code word is preferably a single 
32,21 BCH code word which includes within the data portion a 
predetermined number of bits reserved to identify the frame 
number, such as 7 bits encoded to define frame number 0 to 
frame number 127. 

The structure of the second synchronization code is 
preferably similar to that of the first synchronization code 
described above. However, unlike the first synchronization code 
which is preferably transmitted at a fixed data symbol rate, such 
as 1600 bps (bits per second), the second synchronization code 
is transmitted at the data symbol rate at which the address and 
messages are to be transmitted in any given frame. 
Consequently, the second synchronization code allows the data 
communication receiver to obtain "fine" bit and frame 
synchronization at the frame transmission data bit rate. 

In summary the signaling protocol utilized in accordance 
with an embodiment of the present invention comprises 128 
frames which include a predetermined synchronization code 
followed by eleven data blocks which comprise eight address, 
control or message code words per phase. The synchronization 
code enables identification of the data transmission rate, and 
insures synchronization by the data communication receiver with 
the data code words transmitted at the various transmission rates. 

The protocols described in the applications by Kuznicki et 
al and Schwendeman et al. are becoming known in the paging 
industry as the FLEX protocol. FLEX allows a communication 



system to address and vector messages within a single channel, 
whereas the present invention allows a communication system to 
address and vector messages to one of N other subchannels in 
one embodiment, or in another embodiment, the communication 
system allows for the addressing and vectoring of messages to up 
to N subchannels simultaneously, where N can almost be any 
integer number . The following examples, for simplicity, illustrate 
embodiments where N=4, but of course, the scope of the claimed 
invention contemplates the embodiment where N can be any 
integer. For future reference, an embodiment where one of four 
subchannels can be addressed and vectored shall be called a 
1X4 system, protocol, or receiver and an embodiment where four 
of four subchannels can be addressed and vectored 
simultaneously shall be called a 4X4 system, protocol, or 
receiver. 

FIG. 8 is a block diagram of an embodiment of data 
communication receiver 106 in accordance with the present 
invention. The receiver 106 comprises of an antenna 802 
coupled to a receiver module 804 which is coupled to a controller 
816 via a 1X4 Decoder module 895 and a via synthesizer 899. 
The receiver 106 further includes memory 890 and input and 
output devices (885 & 880) as known in the art. 

FIG. 9 is a more detailed electrical block diagram of the 
data communication receiver 106 shown in FIG. 8 in accordance 
with the present invention. The heart of the data communication 
receiver 106 is a controller 816, which is preferably implemented 
using an MC68HC11 microcomputer, such as manufactured by 
Motorola, Inc. The microcomputer controller, hereinafter called 
the controller 816, receives and processes inputs from a number 
of peripheral circuits, as shown in FIG. 9, and controls the 
operation and interaction of the peripheral circuits using software 
subroutines. The use of a microcomputer controller for 
processing and control functions is well known to one of ordinary 
skill in the art. 

The data communication receiver 106 is capable of 
receiving address, control and message information, hereafter 
called "data" which is modulated using preferably 2-level and 4- 

10 



level frequency modulation techniques. The transmitted data is 
intercepted by an antenna 802 which couples to the input of a 
receiver section 804. Receiver section 804 processes the 
received data in a manner well known in the art, providing at the 
output an analog 4-level recovered data signal, hereafter called a 
recovered data signal. The recovered data signal is coupled to 
one input of a threshold level extraction circuit 808, and to an 
input of a 4-level decoder 810. The threshold level extraction 
preferably comprises two clocked level detector circuits (not 
shown) which have as inputs the recovered data signal. A level 
detector could detect the peak signal amplitude value and 
provide a high peak threshold signal which is proportional to the 
detected peak signal amplitude value, while another level 
detector detects the valley signal amplitude value and provides a 
valley threshold signal which is proportional to the detected valley 
signal amplitude value of the recovered data signal. Resistors 
are then utilized to enable decoding the 4-level data signals as 
will be described below. 

When power is initially applied to the receiver portion, as 
when the data communication receiver is first turned on, a clock 
rate is preset to select a 128X clock, i.e. a clock having a 
frequency equivalent to 128 times the slowest data bit rate, which 
as described above is 1600 bps. The 128X clock is generated by 
128X clock generator 844, as shown in FIG. 8, which is preferably 
a crystal controlled oscillator operating at 204.8 KHz (kilohertz). 
The output of the 128X clock generator 844 couples to an input of 
frequency divider 846 which divides the output frequency by two 
to generate a 64X clock at 102.4 KHz. The 128X clock allows the 
level detectors in the threshold level extraction circuit 808 to 
asynchronously detect in a very short period of time the peak and 
valley signal amplitude values, and to therefore generate the low 
(Lo), average (Avg) and high (Hi) threshold output signal values 
required for modulation decoding. After symbol synchronization 
is achieved with the synchronization signal, the controller 816 
generates a second control signal to enable selection of a 1X 
symbol clock which is generated by symbol synchronizer 812 as 
shown in FIG. 9. 



11 
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The most significant bit (MSB) output from the 4-level 
decoder 810 is coupled to an input of the symbol synchronizer 
812 and provides a recovered data input generated by detecting 
the zero crossings in the 4-level recovered data signal. The 
5 symbol synchronizer 812 preferably uses the 64X clock at 102.4 
KHz which is generated by frequency divider 846. A control 
signal (1600/3200) is provided to the symbol synchronizer 812 
and is used to select the sample clock rate for symbol 
transmission rates of 1600 and 3200 symbols per second. 
1 0 The 1X and 2X symbol clocks are generated with 1600, 3200 and 
6400 bits per second and are synchronized with the recovered 
data signal. 

The 4-level binary converter 814 uses a 1X symbol clock 
and a 2X symbol clock along with the symbol output signals 

1 5 (MSB, LSB) and a selector signal (2L/4L) from the controller to 
select and provide control of the conversion of the symbol output 
signals as either 2-level FSK data, or 4-level FSK data. When the 
2-level FSK data conversion (2L) is selected, only the MSB output 
is selected which is coupled to the input of a parallel to serial 

20 converter (not shown). When the 4-level FSK data conversion 
(4L) is selected, both the LSB and MSB outputs are selected 
which are coupled to the inputs of the parallel to serial converter. 

Returning to FIG. 8, a serial binary data stream generated 
by the 4-level to binary converter 814 is coupled to inputs of a 

25 synchronization word correlator 818 and a demultiplexer 820. 
The synchronization word correlator has predetermined "A" word 
synchronization patterns that are recovered by the controller 81 6 
from a code memory 822 and are coupled to an "A" word 
correlator (not shown). When the synchronization pattern 

30 received matches one of the predetermined "A" word 

synchronization patterns within an acceptable margin of error, an 
"A" or "A-bar" output is generated and is coupled to controller 816. 
The particular "A" or "A-bar" word synchronization pattern 
correlated provides frame synchronization to the start of the frame 

35 ID word, and also defines the data bit rate of the message to 
follow. 

12 



The serial binary data stream is also coupled to an input of 
the frame word decoder (not shown) which decodes the frame 
word and provides an indication of the frame number currently 
being received by the controller 816. During sync acquisition, 
such as following initial receiver turn-on, power is supplied to the 
receiver portion by battery saver circuit 848 which enables the 
reception of the "A" synchronization word, as described above, 
and which continues to be supplied to enable processing of the 
remainder of the synchronization code. The controller 816 
compares the frame number currently being received with a list of 
assigned frame numbers stored in code memory 822. Should the 
currently received frame number differ from an assigned frame 
numbers, the controller 816 generates a battery saving signal 
which is coupled to an input of battery saver circuit 848, 
suspending the supply of power to the receiver portion. The 
supply of power will be suspended until the next frame assigned 
to the receiver, at which time a battery saver signal is generated 
by the controller 816 which is coupled to the battery saving circuit 
848 to enable the supply of power to the receiver portion to 
enable reception of the assigned frame. 

Returning to the operation of the synchronization 
correlator, a predetermined "C" word synchronization pattern is 
recovered by the controller 816 from a code memory 822 and is 
coupled to a "C" word correlator (not shown). When the 
synchronization pattern received matches the predetermined "C" 
word synchronization pattern with an acceptable margin of error, 
a "C" or "C-bar" output is generated which is coupled to controller 
816. The particular "C" or "C-bar" synchronization word 
correlated provides "fine" frame synchronization to the start of the 
data portion of the frame. (See FIGs. 6 and 7). 

The start of the actual data portion is established by the 
controller 816 generating a block start signal (Blk Start) which is 
coupled to inputs of a word de-interleaver 824. 

Optionally, if multiple phases are used, then the block start 
signal is coupled to the inputs of a word de-interleaver 824 and a 
data recovery timing circuit 826. The block start signal is used to 
generate clocked phase signals which are synchronized with the 

13 
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incoming message symbols. The clocked phase signal outputs of 
the phase timing generator 826 are coupled to inputs of a phase 
selector 828. During operation, the controller 816 recovers from 
the code memory 822, the transmission phase number to which 
5 the data communication receiver is assigned. The phase number 
is transferred to the phase select output (0 Select) of the 
controller 816 and is coupled to an input of phase selector 828. A 
phase clock, corresponding to the transmission phase assigned, 
is provided at the output of the phase selector 828 and is coupled 

1 0 to clock inputs of the demultiplexer 820, block de-interleaver 824, 
and address and data decoders 830 and 832, respectively. The 
demultiplexer 820 is used to select the binary bits associated with 
the assigned transmission phase which are then coupled to the 
input of block de-interleaver 824, and clocked into the de- 

1 5 interleaver array on each corresponding phase clock. 

The de-interleaver array is preferably a 32x32 bit array 
which de-interleaves thirty-two interleaved address, control or 
message code words, corresponding to one transmission block. 
The de-interleaved address code words are coupled to the input 

20 of address correlator 830. The controller 816 recovers the 

address patterns assigned to the data communication receiver, 
and couples the patterns to a second input of the address 
correlator. When any of the de-interleaved address code words 
matches any of the address patterns assigned to the data 

25 communication receiver within an acceptable margin of error, the 
message information associated with the address is then 
decoded by the data decoder 832 and stored in a message 
memory 850 in a manner well known to one of ordinary skill in the 
art. Following the storage of the message information, a sensible 

30 alert signal is generated by the controller 816. The sensible alert 
signal is preferably an audible alert signal, although it will be 
appreciated that other sensible alert signals, such as tactile alert 
signals, and visual alert signals can be generated as well. The 
audible alert signal is coupled by the controller 816 to an alert 

35 driver 834 which is used to drive an audible alerting device, such 
as a speaker or a transducer 836. The user can override the alert 

14 



signal generation through the use of user input controls 838 in a 
manner well known in the art. 

Following the detection of an address associated with the 
data communication receiver, the message information is coupled 
to the input of data decoder 832 which decodes the encoded 
message information into preferably a BCD or ASCII format 
suitable for storage and subsequent display. The stored 
message information can be recalled by the user using the user 
input controls 838 whereupon the controller 816 recovers the 
message information from memory, and provides the message 
information to a display driver 840 for presentation on a display 
842, such as an LCD display. 

Referring to FIG. 10, another block diagram of an 
embodiment of the data communication receiver 106 in 
accordance with the present invention is shown. The receiver 
106 comprises of an antenna 802 coupled to a receiver module 
804 which is coupled to a controller 875 via a 4X4 Decoder 
module 897 and a via synthesizer 899. The receiver 1 06 further 
includes memory 890 and input and output devices (885 & 880) 
as known in the art. In one embodiment of the block diagram of 
FIG. 10, the receiver 106 would appear very much like the 
receiver of FIG. 9, except that the front end and decoder for the 
4X4 FLEX receiver can appear as the block diagram shown in 
FIG. 11. 

As before, the receiver 106 in FIG. 1 1 includes a receiver 
module 804 having an antenna 802. The receiver is coupled to a 
more sophisticated synthesizer 900 via a bank of mixers 310, 
312, 314, and 316. The mixed signals from the bank of mixers is 
provided to the 4X4 decoder module 897. The module preferably 
comprises a bank of bandpass filters, detectors and decoders 
along with the appropriate amplification as is known in the art. 
Each bandpass filter (320, 322, 324 and 326 respectively) should 
be ideally designed to pass an appropriate subchannel on to their 
respective detectors (330, 332, 334, and 336) and their respective 
decoders (340, 342, 344, and 346). The signals from the decoder 
module 897 are then manipulated by the controller/data combiner 
in much the same manner as the controller 816 of FIG. 9. Of 
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course, the receiver 106 includes memory 890, and user input 
and output devices 885 and 880 respectively. 

Referring to FIG. 12, another alternative embodiment is 
shown for the receiver 106 in FIG. 10 using a Digital Signal 
Processor (DSP) such as the Motorola DSP56001 or its 
functional equivalent. The receiver 106 of FIG. 12 preferably 
includes a linear receiver 404 having an antenna 402. 
Depending on the speed of the DSP, memory management and 
other housekeeping routines can be handled by the DSP. 
Otherwise, an optional controller 408, such as the controllers 
described in previous embodiments could be used. Ideally, in a 
4X4 FLEX receiver, the DSP 406 will handle for four subchannels 
each: threshold ievel extraction, level synchronization, level 
synchronization correlation, data decoding, and data combining. 
Additionally, the DSP will also serve the functions of battery 
saving, de-multiplexing, de-interleaving, address correlation, 
phase selecting, and phase timing. Optionally, some of these 
tasks, and other tasks if needed, can be handled or shared by the 
controller 408. Finally, as usual, the receiver 106 includes 
memory 410, and user input and output devices 412 and 414 
respectively. 

FIGs. 13-17 illustrate typical timing diagrams associated 
with several embodiments in accordance with the present 
invention. FIG. 13 illustrates the timing diagram for a 1X4 FLEX 
receiver. The vector and addressing information will usually be 
found in the in the first subchannel, designated here as 
subchannel #0. Subchannel #0 or a portion of subchannel #0 
will also be know as the control channel or the addressing 
channel. The vectoring information will usually designate what 
type of information will be received (suchas Hexidecimal or 
alphanumeric and whether the information will be provided on a 
single subchannel or on a multiple subchannel). The addressing 
information will designate what particular Word Number the 
message will start within the particular subchannel. In the case of 
a multiple subchannel message, the addressing information will 
designate what particular subchannel, block, and Word to begin 
providing the message. Additionally, the addressing can 
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designate corners in messages to provide further efficiency in 
messaging. Some of these features will become more apparent 
in the following discussions with regards to FIGS. 18-21. 

Thus, in FIG. 13, the vectoring and addressing information 
5 in subchannel #0 directs the 1X4 Flex receiver to decode 
message #1 in subchannel 2 at a particular block and word. It 
should be understood that the 1X4 Flex receiver could have been 
directed to decode message #1 in any one of the available (four 
in this instance) subchannels, not just the subchannel shown. In 

1 0 FIG. 14, the vectoring and addressing information in subchannel 
#1 directs a 4X4 Flex receiver to decode the repeated message 
#1 in each of the subchannels at different blocks and words. 
Further note as illustrated in FIGs. 13 and 14, that it is within 
contemplation of the present invention that the control channel 

1 5 can reside on any of the subchannels (the intermediary 
subchannels and the highest or last subchannel), not just 
subchannel #0 (the lowest or first subchannel) as shown in FIG. 
13. 

In FIG. 15, the vectoring and addressing information in this 

20 case directs a Flex 4X4 receiver to decode three different sized 
messages (message #1 , #2 and .#3) at different subchannels. In 
the case of message #1 , the message is decoded at a later time 
frame portion within subchannel #0. Message #2 is decoded in 
portions of contiguous "areas" within subchannels #1 and #2, 

25 while message #3 is decoded in portions of subchannel 3. 

FIG. 16 is the same illustration as FIG. 15, but further 
illustrating the blocks and block boundaries preferably associated 
with the present invention. As shown, there are preferably 8 
blocks within the block boundaries which are decoded at a time. 

30 The addressing and vectoring information in subchannel #0 first 
decoded by the 4X4 Flex receiver will direct the receiver to 
decode message #1 at the beginning at block 8 of subchannel 
#0, message #2 at the beginning of block 6 of subchannel #1 
(and ending at block 10 of subchannel #2), and message #3 at 

35 the beginning of block 4 of subchannel 3. 

Of course, the present invention maintains the flexibility 
found in the embodiments of Kuznicki et al and Schwendeman et 



al in terms of being able to send and receive messages at 
variable speeds, but additionally, the present invention allows the 
receiver to send both 1X4 Flex messages and 4X4 Flex 
messages and further pack them within a 4 subchannel format 
that provides great efficiency as shown in FIG. 17. In this case, 
the receiver is shown as decoding messages in blocks of 5, 
where there are 1 1 blocks to a frame as previously described with 
regard to FIGs. 3-7. (Please note these are not the only formats 
available contemplated for use with the claimed invention.) When 
the receiver decodes the first five blocks (probably the last block 
of Frame N-1 and the first four blocks of Frame N), the receiver 
decodes the vectoring and addressing information first, found 
here in this case in the first block and portion of the second block 
of the second block of Frame N of subchannel #0. The vectoring 
information would indicate that the first four messages are 1X4 
messages found in a single subchannel (subchannel #0), while 
the messages #5-#8 are 4X4 Flex messages decoded throughout 
portions of the four subchannels. 

Operationally, a 1X4 FLEX receiver receiving message #4 
(MSG4) as shown in FIG. 17, would decode block #0 and detect 
the message's address from the portion 2 of the block #0 and 
perhaps the message's vector from portion 3. Additionally, the 
receiver might decode block #1 and retrieve further vector 
information from portion 3. (Portion 1 of block #0 preferably 
contains Block Information Words). The 1X4 FLEX receiver would 
then decode blocks #2, #3 and #4 in sequence to extract its 
message. 

Again referring to FIG. 17, a 4X4 FLEX receiver, receiving 
messages MSG5, MSG6, MSG7, and MSG8, would decode block 
#0 and block #1 to extract the address and vectors and then 
would decode the blocks from the start to end of the message 
based upon the vector information. This device would 
demodulate and decode data from multiple subchannels 
simultaneously as required based upon the subchannels used in 
transmission of the message. 

A single device could decode all the messages in FIG. 17 
in a variety of sized segments (for example, 5 blocks). The device 
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preferably has a receiver that decodes the addressing and 
vectoring information in blocks 1 and 2 in subchannel #0, then the 
message #3, along with portions of message #4 and portions of 
message #5, then message #1 along with more portions of 
5 message #4 and #5 and the beginning portions of message #6, 

then the remainder of message #2, with portions of message #4 
and message #6 along with the remainder of message of #5. As 
the next segment of blocks are decoded, the remainder of 
messages #4 and #6 are decoded, and the entire message #7 is 

1 0 decoded. Additionally, a portion of message #8 is decoded. 

Finally, after the next segment of blocks are decoded, the 
remainder of message #8 is decoded by the receiver. 

The 8 messages can be so efficiently packed together 
because of the flexibility of the protocol which allows for mixing of 

1 5 protocols and "corner" commands to make room for single 

subchannel messages (pages) among multiple subchannel 
messages or pages. These capabilities and advantages will 
become further apparent in the explanation of the format of the 32 
(or more, actually 64 in the examples to follow) bit words used for 

20 vectoring and addressing the incoming messages at a receiver 

as shown in the tables below. 



TABLE 1 



HEX / Binary Vector (Single Subcarrier) 



1234567 








32 




Information 




Parity 


Ck 


Xq x-l x 2 x 3 v 0 v x v 2 v 3 b 0 h x b 2 


b 3 b 4 b 5 b 6 by b 8 y 0 y-L s 0 


P P P 


P P P P P P P 


P 


Xo x x x 2 x 3 n 0 n x n 2 n 3 n 4 n 5 n 6 


n 7 n 8 s 7 s 6 s 5 s 4 s 3 s 2 s x s 0 


P P P 


P P P P P P P 


P 



30 V - Vector Type v^v^ = Olio - HEX Vector Single Subcarrier 

b - Word Number of message start h^b^^h^ppQ (1 - 51 1 Decimal ) 

y - Subchannel assigned 

m - 0 implies message is in this frame 
1 implies message in future frame. S7- contains the frame num. 
35 n - Number of message words n 8 n 7 n 6 n 5 n 4 n 3 n 2 n 1 n 0 (1 to 51 1 Decimal ) 

s - Spares 

x - Std 4 bit Check Character 
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Table 1 shows the formatting for a HEX/Binary message 
using a 1X4 Flex format, which requires the designation of a 
vector type (HEX vector, single subchannel), the Word number 
where the message will start, the number of message words in 
the particular frame, and the subchannel assigned. 

TABLE 2 



10 



15 



HEX / Binary Vector (Multiple Subcarrler) 



1 2 3 4 5 6 7. -2 1 

Information 

x 0 Xl x 2 x 3 v 0 v x v 2 v 3 b 0 b 2 b 2 b 3 b 4 b 5 b 6 b? b 8 b 9 b 10 
x 0 X! x 2 x 3 n 0 n 2 n 3 mp c 0 Cj c 2 c 3 c 4 c 5 ep e ± e 2 e 3 e 4 e 5 



31 

Parity 
PPPPPPPPPP 
|P P PP P P P P P P 



32 
Ck 
P 



20 



25 



30 



35 



V 
b- 
d- 
n • 



Vector Type v^Vq = mo - HEX Vector Multiple Subcarrier 
Word of message start = b 10 b 9 -Subchannel, b^b^- Block, b^bi^-Word 
Number of additional corners in message field (6 bits/corner) 
Number of message words = niongngnyiign^nan^no (1 to 51 1 Decimal ) 
n 10 - n 4 are in message field. 



m - 0 implies message is in this frame 

1 implies message is in future frame. Cb-eo represent the frame num. 

The first corner information is in message field, 
c - first Corner = c 5 c 4 -Subchannel , c^c^- Block 
e - second Corner = e 5 e 4 -Subchannel ,- e^e^o- Block 
x - Std 4 bit Check Character 

Table 2 illustrates the formatting for a HEX/Binary message 
using the 4X4 Flex format, which requires the designation of a 
vector type (HEX/Binary, multiple subchannel), the location where 
the first Word of the message will begin including information 
detailing the subchannel, block, and specific Word within the 
block where the message will begin, the number of message 
words, and cornering information which further defines within a 
frame and block of information where a particular message will 
reside when it is decoded by the receiver. The cornering 
information, as in the message start information, should include 
the subchannel location, block location, and in some cases the 
Word location. Note that there may be other more precise or 
more flexible methods within the scope and spirit of the present 
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invention than using "comer" commands , but "corner" commands 
are an efficient compromise 

TABLE 3 

5 Alphanumeric Vector (Single Subchannel) 



1 


2 3 4 5 


6 


7 . ... 








31 


32 










Information 




Parity 




Ck 


x 0 


x l x 2 x 3 


v 0 


Vi v 2 V 3 b 0 b 2 


b 2 b 3 b 4 b 5 b 6 i>7 b 8 y 0 y 1 ir^ s c 


P P 


P P P P P P P 


P 


P 


x 0 


x l x 2 x 3 


n 0 


n l n 2 n 3 n 4 n 5 


n 5 n 7 n 8 s 7 s 5 s 5 s 4 s 3 s 2 s x s c 


P P 


p p p P p p p 


P 


P 



V - Vector Type v 3 v 2 v 1 v 0 = oioi - Alpha Vector Single Subcarrier 
b - Word Number of message start bgb^b^bab^bo (1 - 51 1 Decimal ) 
y - Subchannel assigned 
m - 0 implies message is in this frame 
1 5 1 implies message in future frame. s 7 - s Y contains the frame number, 

n - Num. of message words in this frame twapppja&po (1 to 51 1 Decimal) 
s - Spares 

x - Std 4 bit Check Character 

20 

Table 3 shows the formatting for a alphanumeric message 
using a 1X4 Flex format, which requires the designation of a 
vector type (alphanumeric, single subchannel), the Word number 
where the message will start, the number of message words in 
25 the particular frame, and the subchannel assigned. 

TABLE 4 



Alphanumeric Vector (Multiple Subchannel) 



30 



1234567 21 






32 


Information 




Parity 


Ck 


*0 x l x 2 x 3 V 0 V l V 2 V 3 b 0 b l b 2 *>3 b 4 b 5 b 6 *>7 b 8 b 9 b 10 


P P 


PPPPPPPP 


P 


x 0 x a x 2 x 3 n 0 n 2 n 2 n 3 itiq c 0 c 2 c 2 c 3 c 4 c 5 e 0 e x e 2 e 3 e 4 e 5 


P P 


PPPPPPPP 


P 
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V- Vector Type v 3 v 2 ^o - lioi - HEX Vector Multiple Subcarrier 
b - Word of message start - b^g-Subchannel, h£>p e b 5 - Block, b 4 b 3 b 2 b 1 b 0 - Word 
d - Number of additional corners in message field (6 bits/corner) 
n » Number of message words = n^^p^^jt^^^n^nQ (1 to 51 1 Decimal ) 
5 n 10 - n 4 are in message field. 

m - 0 implies message is in this frame 

1 implies message is in future frame. Cb-e 0 represent the frame num. 

The first corner information is in message field, 
c - 1 st Corner = c 5 c 4 - Subchannel , 03020^- Block 
10 e - 2nd Corner = e 5 e 4 - Subchannel , e 3 e :2 e 1 e 0 - Block 
x - Std 4 bit Check Character 

Table 4 illustrates the formatting for an alphanumeric 
message using the 4X4 Flex format, which requires the 

15 designation of a vector type (alphanumeric, multiple subchannel), 

the location where the first Word of the message will begin 
including information detailing the subchannel, block, and 
specific Word within the block where the message will begin, the 
number of message words, and cornering information which as 

20 before, further defines within a frame and block of information 

where a particular message will reside when it is decoded by the 
receiver. 

The present invention has been described in detail in 
connection with the disclosed embodiments. These 
25 embodiments, however, are merely examples and the invention is 

not restricted thereto. It will be understood by those skilled in the 
art that variations and modifications can be made within the 
scope and spirit of the present invention as defined by the 
appended claims. 



What is claimed is: 
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Claims 

1 . A communication system broadcasting over a plurality of 
subchannels, comprising: 

a resource controller unit having at least one of the 
plurality of subchannels serving as a control channel for 
addressing subscribers and directing them to receive messages 
or data on a set or a subset of the plurality of the subchannels; 

input means for sending messages to the resource 
controller unit; and 

a selective call receiver addressable by the 
resource controller unit, capable of receiving messages as 
directed by the resource controller on any of the subchannels and 
time slots directed by the resource controller. 

2. The communication system of claim 1 wherein the control 
channel further addresses and directs subscribers to receive 
messages or data on a given time slot within a TDD frame and 
within a set or subset of the plurality of subchannels or within a 
portion of one of the plurality of subchannels. 

3. A terminal in a communication system broadcasting over a 
plurality of subchannels, comprising: 

a resource controller unit having at least one of the 
plurality of subchannels serving as a control channel for 
addressing subscribers and directing them to receive messages 
or data on a set or a subset of the plurality of the subchannels; 

input means for sending messages to the resource 
controller unit; and 

a transmitter for addressing a selective call receiver 
addressable by the resource controller unit, capable of receiving 
messages as directed by the resource controller on any of the 
subchannels and time slots directed by the resource controller. 

4. The terminal of claim 3, wherein the control channel 
resides within a portion of the lowest or first subchannel and is 
used to address and vector messages to the remaining portion of 
the lowest subchannel and to the other subchannels. 

23 



5. A selective call receiver capable of receiving messages 
broadcast over a plurality of subchannels, comprising: 

a receiver module capable of receiving selective call 
signals on the plurality of subchannels and providing a received 
signal; 

a decoder module coupled to the receiver module; 

a bank of mixers for mixing the received signal from the 
receiver module with an injection signal from a synthesizer to 
provide a mixed signal to the decoder module, the decoder 
module comprising of a corresponding bank of bandpass filters, 
detectors and decoders for each of the plurality of subchannels; 
and 

a controller for controlling the decoder module, the 
synthesizer, a sensory alert device, and a display device all 
coupled to the controller. 

6. A selective call receiver capable of receiving messages 
broadcast over a plurality of subchannels, comprising: 

a receiver module capable of receiving selective call 
signals on the plurality of subchannels and providing a received 
signal; 

a digital signal processor coupled to the receiver module 
for providing the function for each subchannel of threshold level 
extraction, level synchronization, level synchronization 
correlation, data decoding, and data combining and for providing 
the general functions of battery saving, de-multiplexing, de- 
interleaving, address correlation, phase selecting, and phase 
timing. 
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7. A method for queuing messages for transmission in 
a data communication terminal having an input for 
receiving messages and for assigning the same into a 
5 plurality of transmission frames and subchannels assigned 
for transmission to a plurality of data communication 
receivers, said method comprising the steps of: 

storing the received messages in a first memory 

area; 

0 generating periodic timing signals; 

recovering the stored messages from the first 
memory in response to the periodic timing signals being 
generated; 

queuing the recovered messages for the assigned 
5 transmission frame and subchannel into a second memory 
area having a predetermined queue capacity; 

monitoring the second memory queue capacity, and 
expected queue capacities for one or more subsequent 
transmission frames and subchannels; 

determining when the messages stored within the 
second memory area exceed the predetermined queue 
capacity; 

storing the excess messages recovered in a third 
memory area; 

generating designating information designating one 
or more subsequent transmission frames and subchannels 
during which the excess messages stored in the third 
memory area are to be transmitted; and 

transmitting the messages and designating 
information stored in the second memory area within the 
assigned transmission frame and subchannel; and 

transmitting the excess messages stored in the third 
memory area within the one or more subsequent 
transmission frames designated by the designating 
information. 
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8. A method for receiving and decoding selective call 
messages transmitted in the form of interleaved blocks of 
time divided signals on a plurality of subchannels to a 
5 plurality of selective call receivers, comprising the steps at 
one of the selective call receivers: 

decoding at least a first received block of information 
containing address and vector information for at least a first 
addressed message, at least a portion of the first received 
1 0 block being a control channel; 

determining where the first addressed message will 
begin and the length of the first message from the address 
and vector information; and 

decoding subsequent blocks of information on the 
1 5 plurality of subchannels to decode the first addressed 
message, the first addressed message being capable of 
residing in contiguous sections of blocks and portions of 
blocks on the plurality of subchannels. 

20 9. The method for receiving and decoding selective call 
messages of claim 8, wherein the step of decoding 
subsequent blocks of information further comprises the 
step of: 

simultaneously demodulating and decoding 
25 information on the plurality of subchannels as directed by 
the address and vector information. 

10. The method of claim 8, wherein the address and 
vector information contains start addresses and message 
30 lengths for a plurality of messages, wherein the plurality of 
messages can span a plurality of subchannels and a 
plurality of blocks within a time frame. 
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the plurality of remote stations (14) during a first time interval under a contention based protocol and a non-contention based protocol and 
means for polling for data transfers during a second time period remote stations (14) of the plurality of remote stations providing access 
requests under non-contention based protocols during the first time period. 
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APPARATUS FOR EXCHANGING DATA BETWEEN A CENTRAL 
STATION AND A PLURALITY OF WIRELESS REMOTE STATIONS 

Background of the Invention 

This invention generally relates to the field of data 
communications networks. More particularly, this invention 
pertains to a multiple access protocol for a data communications 
network having a number of users exchanging data between 
individual remote stations to a central station over a single 
optical infrared channel. 

A multipoint digital communications network typically 
consists of a number of remote stations which communicate with 
a central station over one or more two-way communications 
channels. For example, personal computers are typically 
connected to a wide variety of peripherals or other computers via 
wire cables, i.e., a hard-wired communications link. Moreover, 
local area networks (LAN's) are often used to integrate remote 
terminals that are located at the same site. Depending upon the 
number of users, distance between terminals, number of peripher- 
als, frequency of system reconfiguration, portability of the 
remote stations, etc., the hard-wired cable system may not be 
practical for a given application. Hence, various wireless 
communication technologies have been employed, particularly when 
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a system includes a large number of users and/or portable, hand- 
held computer devices. 

Among the more common wireless technologies are narrow- 
band radio frequency (RF) systems, spread spectrum RF, ultrason- 
ic, and infrared optical. Radio frequency systems are often 
significantly degraded by electromagnetic noise and interference, 
as well as by large signal amplitude variations and multipath 
interference. Moreover, RF systems are typically subject to 
governmental licensing and regulation. Alternative wireless 
systems employing ultrasonic sound waves experience severe 
problems with the complete loss of signals due to nulls in the 
transmission path. 

Optical -infrared communications, however, is not 
affected by electromagnetic interference, and is much less 
susceptible to multipath interference. Furthermore, optical 
systems are inherently secure (since the infrared light does not 
penetrate walls) , have no known health or safety effects, and are 
not subject to F.C.C. regulation. Moreover, infrared transceiv- 
ers draw relatively low currents, which is particularly important 
with respect to hand-held battery-powered portable computers. 
Thus, the use of infrared light as the wireless medium is well 
suited to such applications. 

In order for the remote stations to communicate with 
the central station, the remote stations must be able to gain 
access to the commonly- shared communications channel using some 
type of multiple-access signalling or control protocol. As used 
in the data communications field, a "protocol" is a formal set 
of rules governing the format and control of inputs and outputs 
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between two communicating devices in order to ensure the orderly 
transfer of information. Typical multiple-access protocols may 
be categorized into two broad classes: contention-based protocols 
(i.e., random access) , and noncontent ion-based protocols, (i.e., 
scheduled access) . Contention-based protocols are characterized 
in that any remote user with a data message can contend for the 
channel by transmitting its data message immediately in an on- 
demand fashion, taking the chance that no other remote stations 
will transmit at the same time and thus collide with it. When 
a collision occurs, the data message is seldom received correct- 
ly, if at all. Since there is no coordination between contending 
remote stations, the number of collisions dramatically increases 
as the number of users increase, or as the channel load increas- 
es. Hence, contention-based protocols are not suitable for many 
data communications applications. 

Noncontent ion-based protocols are characterized in that 
they provide the necessary coordination between the remote 
stations to ensure that no two remote stations transmit at the 
same time to contend for the channel. In other words, the users 
in a noncontention system take turns accessing the network in an 
orderly fashion such that collisions between users are avoided. 
Noncontention channel access is usually implemented using r ,me 
type of polling technique, wherein the central station sen. s a 
control message or synchronization signal to the remote stations 
as an indication for the remote to respond by transmitting data 
on the channel. 

Using the well-known "explicit polling" technique, the 
central controller sends a polling signal to each remote station, 
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individually, to inquire if the remote has any information to 
send. A "poll list" of remote station addresses is used by the 
central controller to determine when a remote station is to be 
polled. If the polled remote station doesn't have a data message 
to send over the channel, the central controller goes on to poll 
the next remote. If the remote station does have a message to 
send, the data message is immediately transmitted over the 
channel in response to the poll. As used herein, the term 
"polling" includes the second-half of the procedure, wherein the 
polled stations return a message. Explicit polling has tradi- 
tionally been considered rather inefficient, since each remote 
station has to wait for its individualized poll, establish bit 
and character synchronization, and then transmit its data message 
in response to the poll. Hence, a significant portion of the 
overall channel capacity is consumed by the polling signals 
themselves . 

Another noncontention-based multiple-access protocol 
is referred to as "implicit polling." Under the implicit polling 
technique, each timing cycle on the channel is divided into a 
number of time slots, and a specific time slot within each cycle 
is reserved for a particular remote station. Each remote 
station, which is synchronized in time with the central station, 
is implicitly granted access to the channel during its individual 
time slot. In other words, the channel access is controlled by 
reserving time slots for each remote station to transmit, rather 
than being controlled by explicit polling signals from the 
central station. 
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In multipoint data communications networks using the 
implicit polling protocol, a fixed transmission time slot is 
reserved for each remote station in the network. Each time slot 
must be of a sufficient length to contain an entire data message 
packet. Hence, the channel is efficiently utilized only if each 
remote station has a data message to send during each cycle. If, 
however, only a few of the remote stations have messages to send 
during each cycle, then the channel remains idle during the 
preassigned time slots allocated to these non- responsive remote 
stations. When only a fraction of the remote users have data 
messages to send, an enormous amount of channel capacity is 
wasted in the empty time slots of an implicit polling system. 

One advance over the prior art was provided by U.S. 
Patent No. 5,297,144 ("the '144 patent") assigned to the same 
assignee as the present invention. The '144 patent avoids some 
of the disadvantages of explicit and implicit polling by 
periodically allowing remote data stations to register a need for 
a data transmission with the central station under an implicit 
polling format. Registration is allowed under the '144 patent 
whenever the central station transmitted a reservation sync 
("RS") frame. Contention was avoided following the RS frame by 
assigning different delay periods to each remote terminal for 
transmission of an access request following the RS frame. 

Under the '144 patent a relatively fixed time period 
was allocated for the RS frame and access requests ("the 
reservation request period") . Following the reservation request 
period a second, variable length, time period is allowed for 
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polling the remote station and for transfer of data from the 
requesting remotes ("the polled data transfer period") . 

While the '144 patent ostensibly reduces power consump- 
tion within the remote stations through use of "sleep modes" such 
power savings is not practical where a remote station is to 
receive data from the control station. Under the teachings of 
the '144 patent, a remote station remains active during the 
polled data transfer mode (does not enter the sleep mode) only 
long enough to be polled and transfer data. Since data transfer 
from the central station to the remote station occurs at the end 
of the polled data transfer mode, and since the polled data 
transfer mode is of variable length, the sleep mode of the '144 
patent cannot be used where data is to be transferred from the 
central unit to remote stations. 

The '144 patent also allows for the addition of new 
remote stations to the relatively fixes reservation request 
period through the use of a "membership acquisition period". The 
membership acquisition period is a multiframe structure within 
the superframes after the polled data transfer period ("PDTP") 
wherein the central station accepts new remote stations (inserts 
new slots within the reservation request period) . The membership 
acquisition period is a fixed time period within the superframe 
wherein a new remote station (or group of new remote stations) 
may seek to gain access to the communication system. 

While the '144 patent has provided a significant 
advance over the prior art, the '144 patent still fails to 
provide a convenient method of coping within rapid membership 
changes. The '144 patent also fails to address the issue of 
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power savings where downlink transmissions must occur between the 
central station and remote stations. Because of the importance 
of power savings in portable data devices linked to a central 
station, a need exists for a method and means of remote station 
power control under dynamic loading conditions involving the two- 
way exchange of data between remote stations and the central 
station. 



Summary of the Invention 
An apparatus is provided for exchanging data between a 
central station and a plurality of wireless remote stations on 
a time divided communication channel. The apparatus includes 
means for receiving access requests from remote stations of the 
plurality of remote stations during a first time interval under 
a contention based protocol and a non- contention based protocol 
and means for polling during a second time period remote stations 
of the plurality of remote stations providing access requests 
under non- contention based protocols during the first time 
period. 

The apparatus also allows remote stations to exchange data 
directly. Such direct exchange is possible where the central 
station acts to coordinate such exchanges while deferring the 
enablement of other users which may interfere on the communica- 
tion channel. 

Another aspect of the invention provides a second time 
period where data may be transferred from the central station to 
individual remote stations. A structure for broadcasting common 
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information to all remote stations is also provided within the 
second time frame. 

Brief Description of the Drawings 

The features of the present invention which are 
believed to be novel are set forth with particularity in the 
appended claims. The invention itself, however, together with 
further objects and advantages thereof, may best be understood 
with reference to the following description when taken in 
conjunction with the accompanying drawings, in which: 

Figure 1 is a general block diagram of the wireless data 
communications network according to the present invention; 

Figure 2 is a pictorial representation of the channel 
frame format utilized in the multiple-access signalling protocol 
of the present invention; 

Figure 3 is a timing cycle diagram illustrating the 
two- stage reservation-based polling protocol and data exchange 
system of the present invention; 

Figure 4A-C provides a summary of network control 
function by frame type in accordance with the invention along 
with a description of frame content within individual fields of 
the frame; 

Figure 5 depicts a slot arrangement used within the 
request period in accordance with the invention; 

Figure 6 is a timing cycle diagram similar to that of 
Figure 3 illustrating slot usage. 
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Figure 7 is a timing cycle diagram similar to that of 
Figure 6, wherein acknowledgement signals are returned to the 
remote stations after each data message; 

Figures 8a and 8b are timing diagrams representing the 
power consumption of the remote station receiver and transmitter, 
respectively, during the reservation-based polling protocol 
timing cycle and data exchange of Figure 7; 

Figure 9 is a detailed block diagram of one of the 
remote stations of the data communications network shown in 
Figure 1; and 

Figure 10 is a detailed block diagram of the central 
station of the data communications network of Figure 1. 

Detailed Description of the Preferred Embodiments 

The solution to the problem of power savings in a 
dynamically loaded system requiring the two-way exchange of data 
between remote stations and a central station lies, conceptually, 
in mixing contention and non- contention based access protocols 
and in mapping a data transfer period into uplink and downlink 
epochs. The prior art has taught that either contention based 
protocols or non -content ion based protocols may be used within 
access periods gaining entry to a multiple access system. Under 
the invention, it has been determined that an unexpected increase 
in efficiency may be achieved by using non-contention access 
protocols for remote stations requiring frequent data exchanges 
and contention access protocols to remote stations with less 
frequent data exchanges. 
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Mapping of data transfer periods, on the other hand, 
improves efficiency (reduces power consumption) by allowing an 
indicia of epoch locations to be transferred to remote stations 
at predetermined intervals. The indicia of epoch location may 
then be used by the remote stations to deactivate unnecessary 
power consuming devices during periods of inactivity. 

Referring now to Figure 1, a general block diagram of 
a wireless multipoint data communications system 10 is shown. 
The system comprises a central station 12 and a number of remote 
stations 14. The central station 12 may be a stand-alone data 
processing and control entity or may be an access point (AP) used 
in conjunction with other data processors and systems over a 
larger hard-wired network. 

Central station 12 communicates with remote stations 14 
through an optical infrared transceiver 16 coupled to the central 
station via a hard-wired link 18. Each of the remote stations 
14 includes an optical infrared transceiver which communicates 
with the central station by sending and receiving data messages 
over an infrared link 19. Depending upon the type of network, 
the central station may utilize the data messages itself, or 
route the data messages on to a different station in a local area 
network . 

In the preferred embodiment, each of the remote 
stations is a portable, hand-held, battery-powered computer 
having an integrated infrared transceiver, as will be described 
in detail below. The remote stations also include a keypad for 
data input, and a display for data output. Although the present 
invention is particularly adapted for two-way communications over 



WO 95/32567 



PO7US95/05612 



-11- 

a single -frequency infrared channel transmitting bursts of data 
packets in the half-duplex mode of operation, the present 
invention can also be used in full -duplex operation as well as 
half -duplex operation over single- frequency or split- frequency 
channels. In the preferred embodiment, infrared link 19 has a 
4 Megabit data rate using Return To Zero with Bit Insertion 
(RZBI) encoding scheme. However, the present invention is not 
limited for use with only wireless links or the particular type 
of channel or data communications scheme shown here. 

Figure 2 illustrates the specific channel frame format 
20 used under the protocol for all information transfer and 
supervisory commands. The frame format of the invention 
basically follows the High-level Data Link Control (HDLC) data 
communications line protocol specification of the CCITT, or the 
Synchronous Data Link Control (SDLC) protocol specified by IBM. 
Hence, the published detailed specifications for the HDLC or SDLC 
protocols may be referred to for a further understanding of the 
common subject matter. 

As shown in Figure 2, each frame is subdivided into a 
number of individual fields, wherein each field is comprised of 
a number of 8-bit bytes. The following paragraphs describe 
channel frame format 20: 

Preamble (PRE) 22: This field is a 3 -byte field whose 
purpose is to provide a means of establishing bit synchronization 
of the receiver with the received signal including the clock 
recovery signal. The value of the preamble is typically chosen 
to have a high content of transitions (e.g., "FFFFFF" because in 
RZBI encoding each "1" bit provides a high-low transition) . 
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Start Delimiter (SD) 24 : The purpose of the SD frame 
is to provide byte synchronization within the receiver. The 8 
contiguous bits of the pattern provide a clear indication of the 
boundary between the "1" bits of the PRE and the bits of the SD. 
It is a unique "illegal" data structure because the bit insertion 
of the modulation scheme prevents this number of contiguous zero 
bits from occurring within the data (anyplace between the SD and 
ED fields) . 

Destination Identifier (T)TV>) 36- This field contains 
the 2 -byte address of the station to which the frame is being 
sent. In other words, in a polling frame, the DID field of a 
frame transmitted to a remote station first identifies the 
particular remote station being polled by the central station and 
then the DID field of a return frame identifies the central 
station as the destination for the data message being returned 
by the remote station. Each of the stations is assigned a unique 
identification code, or address. The remote stations typically 
receive a new DID address each time the remote station registers 
with the network 10. However, a dynamic address determination 
procedure could also be used. In the preferred embodiment, the 
addresses of remote stations (non- controller stations) begin with 
hex and increase to the maximum amount of remote stations allowed 
in the network (e.g., 7FFF hexadecimal). Controller stations 
(e.g., central station 12) may be assigned other numerical values 
(e.g., 8000-EEED hexadecimal) . A value of FFFF hex in this field 
denotes a broadcast frame, which would be received by all 
stations . 
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Source Identifier (SID) 2 ft : This field is the 2-byte 
address of the station sending the frame. To ensure the 
integrity of the data being transmitted, both the destination and 
source addresses are included within each frame. 

Type of Field (TYP) 30: The 1-byte field indicates to 
the receiver how to interpret the frames contents and in effect 
provides a control function. A summary of the possible types of 
frames are as follows: RSYNC, MRSYNC, RegRTS, RTS, FORF, DSYNC, 
EDSYNC, RegCTS, CTS, DATA, MDATA, and ACK. The meaning and 
content of the types of frames listed may be best understood by 
reference to FIGS. 4A-C. The use of the frames may be best 
understood by reference to subsequent sections. 

Control — Flags : This is a 1-byte control field 
containing bit-mapped flags, primarily used for supervising 
commands. In the preferred embodiment, control field 32 includes 
priority flags and retransmissions flags, which will be described 
below. 

Information (INFO) 34 ; This is a variable length field 
used for transferring data. The INFO field 34 is also used in 
conjunction with certain types of frames (e.g., RSYNC, MRSYNC, 
DYSNC, and EDSYNC) as a repository for an indicia of epoch 
location (e.g., the location of upward data transfer period 

(upward period) , broadcast period and downward data transfer 
period (downward period) within the overall data exchange period 

(data period) ) . 

Frame Check Sequ ence (FCS) 36 - This 4 -byte field is 
used to detect bit errors which may occur during transmission. 
In the present embodiment, a 3 2 -bit cyclic redundancy check (CRC) 



WO 95/32567 



PCT/US95/05612 



-14- 

algorithm is used to detect errors in fields 26, 28, 30, 32, and 
34. 

End Delimiter (ED) -^b and Post amble (Post) 40 : The 
purpose of the ED 38 is to allow the receiver to detect an end 
of frame. The purpose of the POST 4 0 is to prevent the receiver 
from mistaking an ED/POST combination for an SD/DID combination 
in that the hexadecimal value of OEEEE could be an invalid DID. 

Figure 3 illustrates a repeating frame structure 
(superframe) used by the system 10 to exchange information 
between the central station 12 and the remote station 12. Each 
frame making up the superframe has the frame format described 
above . 

Superframes are not always of the same temporal length. 
The superframe, in turn, may be divided into a variable length 
period used for receipt of access requests (request period) 50 
and a variable length field used for data exchanges (data period) 
51. 

The central station 12 identifies the beginning of the 
superframe to the remote stations 14 by transmission of a request 
synchronization (RSYNC) frame or a mandatory request synchroniza- 
tion (MRSYNC) frame 52. (The RSYNC frame requires only those 
remote stations 14 desiring access to respond while the MRSYNC 
requires all remote stations 14 to respond.) The remote stations 
14 identify the RSYNC or MRSYNC frames by reference to the type 
field of the frame (FIG. 4A-C) . In addition to identifying the 
beginning of the superframe, the RSYNC or MRSYNC frame 52 
provides information within the INFO field 34 (FIG. 4A) relative 
to the number and type of slots (slots using a non-content ion 
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based access protocol or a contention based access protocol) 
within the request period 50. The slot information is used by 
the remote stations to facilitate system access (to be explained 
later) or to power-down during the request period 50 if the 
remote station 14 does not need access to the network 10. 

Following the request period 50, the network 10 enters 
a data period 51. The central station 12 identifies the 
beginning of the data period 51 to the remote station 14 by 
transmission of a data descriptor frame 53 (e.g. , a data synchro- 
nization (DSYNC) or extended data synchronization (EDSYNC) 
frame) . Contained within the INFO field 34 (FIG. 4A) of the 
DSYNC or EDSYNC frame 53 is temporal information relative to the 
length of each subsection of the data period 51. The temporal 
information, as above, is used by the remote stations 14 to 
reduce a duty cycle of activation by powering-down during 
appropriate portions of the data period 51. 

In accordance with an embodiment of the invention, the 
slots of the request period are divided into two groups where a 
first group of slots allows for random access under a contention 
based protocol (contention slots) and a second group of slots 
allows for access under a non-contention protocol (reserved 
slots) (e.g., under an implied polling protocol). Under the 
invention, the number of contention slots may be constant or may 
vary based upon an estimate of the number of unregistered remote 
stations within the service coverage area of the network 10 . The 
number of reserved slots, on the other hand, is adjusted based 
upon loading. When a remote station 14 is first activated the 
remote station 14 is granted access to the network 10 under a 
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two-step process. First the remote station 14 transmits an 
access request within a contention slot. The central station 12 
upon receipt of the access request within the contention slot 
then, as a second step, assigns the remote station 14 to a non- 
contention slot before finally granting access. 

The remote station 14 first monitors for a RSYNC or 
MRSYNC frame 52. Since the remote station 14 does not yet have 
a reserved slot, the remote station 14 must access the network 
10 through a contention slot. The remote station 14 identifies 
contention slots by examining the contents of the INFO field 34 
of the RSYNC or MRSYNC frame 52. Contained inter alia within the 
INFO field 34 of the RSYNC or MRSYNC frame (FIG. 4A) is the total 
number of slots in the request period and the total number of 
reserved slots. By knowing the location of the reserved and 
contention slots relative to the RSYNC or MRSYNC frame (e.g., the 
non-contention slots may immediately follow the RSYNC or MRSYNC 
frame) , the remote station 14 can determine the location of the 
contention slots. Access may then be secured through a randomly 
selected contention slot. 

By way of example, FIG 5 depicts a request period 
having 10 slots. If the reserved slots were designated as being 
slots 1-7, then slots 8-10 would be the contention slots. An 
INFO field 34 of a RSYNC or MRSYNC frame 52 in such a case would 
indicate a total slot number of 10 and a total reserved slot 
number of 8. Using known methods, the remote station would then 
randomly generate a number in the range of 1 to 3 and add the 
randomly selected number to 8 for a final determination of the 
contention slot to be used in requesting access. 
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In requesting access- ■> the network 10, the remote 
station 14 sends a registration request to send (RegRTS) frame 
(FIG. 4B) within the selected contention slot. The INFO field 
34 of the RegRTS frame contains a 48 bit address of the request- 
ing remote station 14 along with coding within the type field 
that the frame is a RegRTS frame . 

Upon receipt of the RegRTS from the remote station 14 
by the central station 12, the central station 12 verifies by 
reference to a memory (not shown) that the address of the remote 
station 14 that the station is authorized to access the network 
10 and that the remote station 14 has a software version 
compatible with the network 10. Upon verifying that the remote 
stat: on 14 is an authorized user and is compatible with the 
network 10, the central station 12 issues a local identifier in 
favor of the remote station 14. The central station 12, on the 
other hand, does not immediately transmit the local identifica- 
tion to the remote station. Under the invention the central 
station waits until the next downward portion of the data period 
51 before transmitting the identifier to the requesting remote 
station 14 . 

Contained within the local identifier is an identifier 
of a reserved slot of the request period 50 allocated for use by 
the remote station 14. The central station 12 may create a 
reserved slot for the remote station 14 by expanding the length 
of the request period to 11 slots or may assign the remote 
station 14 to an unoccupied slot of reserved slots 1-8 (FIG. 5) . 

Likewise, the central station 12 may de-allocate a slot 
previously reserved for use by other remote stations 14 based on 
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certain operating parameters. The central station 12 may de- 
allocate slots for instance where the time since the last use of 
the slot exceeds some threshold value or if the remote station 
14 does not respond to a known number of consecutive MRSYNC 
frames . 

During the next downward period of the data period 51 
the central station 12 transmits the local identifier to the 
remote station 14 through use of a registration clear to send 
(RegCTS) frame (FIG. 4B) . Upon receiving the RegCTS, the remote 
station retrieves the local identifier and, using the retrieved 
local identifier, may transmit a Request to Send (RTS) within the 
designated reserved slot under an implicit polling format during 
the request period 50 of the next superf rame . 

Under an alternate embodiment, the remote station 14, upon 
receipt of a RegCTS may immediately respond by transmitting data. 
Alternately, a central station 12 may transmit a RegCTS at any 
time to fill "holes" in the request period (e.g., when a remote 
station 14 is deactivated or leaves the service coverage area of 
the network 10) . 

In general, implicit polling is performed during the 
request period 50, and explicit polling --of only those remote 
stations which requested access to the channel --is performed 
during the data period 51. 

To initiate the superf rame, the central station 
broadcasts an RSYNC or MRSYNC frame 52 to all the remote 
stations. The RSYNC or MRSYNC frame is issued periodically, and 
it defines the start of a number of time slots of the request 
period. In the preferred embodiment, the central station sends 
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a RSYNC or MRSYNC frame at least once every second. If there is 
less data to exchange then the superframe would occur more often, 
but not more often than once every 100 ms . If there were less 
data than could be transferred within the 100 ms interval, then 
the communication channel would be idle for a portion of the 10 0 
ms . 

Under an alternate embodiment, an RTS of the remote 
station 14 specifies the number of data frames it wants to send 
during the superframe. It is then up to the central station 12 
to determine how many times a remote station 14 gets polled. For 
instance, a central station 12 wouldn't let an entire superframe 
be "eaten up" by a single station if it requests to be polled too 
often. Once a request period 50 is complete, the central station 
12 has a picture of all upward and downward data periods, and it 
will divide up the superframe equitably. 

A central station 12 may indicate within the RTS frame 
during the RTS / CTS / DATA/ ACK sequence how many frames it will send 
to the remote station 14 during a superframe. During a DATA/ACK 
sequence, the use of a "more" bit indicates to the remote station 
14 that there is more data to be transmitted during the superfra- 



me . 



Every remote station has a preassigned waiting period 
that will begin upon the reception of the RSYNC or MRSYNC frame. 
These waiting periods are illustrated as time slots TS in Figure 
6, which fill up the remainder of the request period 50. 

Since remote station 1 has been assigned the first time 
slot, it issues a reserved slot request RR frame 54 if it has 
data to transmit on the channel. Hence, the first time slot has 
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been replaced with the reserved slot request frame RR X (RTS 
frame) transmitted from remote station 1. As seen in the example 
of Figure 6, no reserved slot request frame was issued in time 
slot 2 (frame 55) , and a reserved slot request frame RR 3 was 
issued from remote station 3 in time slot 3 (frame 56) . in the 
example shown, a maximum number X-X c (where X is total slots and 
X c is contention slots) denotes the number of active remote 
stations in the network, and, accordingly, the number of 
preassigned time slots. (See frame 56.) Note that, in this 
example, the absence of a reserved slot request frame in a time 
slot represents a negative access request signal to the central 
station 12. As will be seen below, an alternate embodiment of 
the protocol always returns either a positive or negative access 
request signal to the central station upon issuance of a MRSYNC 
frame . 

After every station has been given a chance to make a 
reservation, the central station will switch to a modified 
explicit polling mode, wherein it will sequentially issue a CTS 
frame to every remote station 14 that made a reservation. 

Before the central station 12 begins the explicit 
polling, on the other hand, the central station 12 must describe 
the data period 50 for the benefit of those remote stations 14 
that may wish to power-down for portions of the data period 50. 
The central station 12 describes the data period 50 to the remote 
stations 14 by transmitting a DSYNC or EDSYNC frame 53. (The 
DSYNC and EDSYNC frames differ primarily in the amount of 
information provided. In general, the EDSYNC allows for a lower 
duty cycle of remote stations 14) . 
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If either a DSYNC or an EDSYNC frame 53 is used, then 
the reader will find via reference to FIG. 4A that the length of 
the polling period for the upward transmission of data is to be 
found within the INFO field 34 of the DSYNC or EDSYNC frame 53. 
A remote station not needing to transfer data to the central 
station 12 may use the time period specified to deactivate its 
transmitter and receiver until a point just before the broadcast 
period, where the remote station 14 must again re-activate its 
receiver for the receipt of system information during the 
broadcast period. 

As illustrated in Figure 6, the central station polls 
the first remote station during frame 60 of the upward period 
with CTS frame P lf since remote station 1 sent its reserved slot 
request frame RR 2 during frame 54. Immediately upon receiving 
the poll signal addressed to remote station 1, that station 
responds with its data packet DATA a during frame 62. The central 
station then checks its poll list to determine which remote 
station is to be polled next. In the example shown, remote 
station 3 is polled via poll frame P 3 during frame 64, and it 
responds with its data packet DATA 3 during frame 66. The polling 
ends upon the completion of the response of the last station on 
the list, which, in this case, was remote station 3. 

Priority message capability is also provided for in the 
reservation-based polling and data exchange protocol of the 
present invention. Recall that the control field 32 of the 
channel frame format 20 (FIG. 2) includes a number of bit-mapped 
priority flags. In the preferred embodiment, four levels of 
priority can be implemented using two priority flag bits. If any 
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remote station had a priority message to send, then that station 
would set its priority flags to the appropriate priority level, 
and transmit a reserved slot request RR frame to the central 
station in its preassigned time slot during the reserved slot 
request period. Upon receipt of this reserved slot request frame 
containing priority information, the central station would 
rearrange the poll list into priority- level order. Accordingly, 
the central station would poll the remote stations in priority- 
level order. 

The timing cycle diagram shown in Figure 6 can be used 
to illustrate the reservation-based polling protocol with 
priority-level polling. Assume that the time slots TS X , TS 2 , TS 3 , 
(frames 54-56) of the reserved slot request period are sequen- 
tially assigned to correspond with three remote stations 1-3. 
If all three remote stations had non-priority messages to send, 
then each would send its reserved slot request RR frame during 
the appropriate time slot, and the central station would poll 
each remote station in numerical order, i.e., the poll list would 
appear as: P lf P 2 , P 3 . If, however, remote station 3 had a level - 
one priority message to send, and remote station 2 had a level - 
two priority message to send, then these stations would indicate 
such using the priority flags in the control fields of their 
reserved slot request frames. The central station would then re- 
order its poll list to appear as: P 3 , p lf P 2 . Thus, the remote 
stations are polled in priority- level order. Numerous other 
multiple-level priority message schemes can be used with the 
present invention, a few of which will be described below. 
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Figure 7 represents a similar timing cycle diagram to 
that of ,gure 6, with the addition that an acknowledgement (ACK) 
frame is transmitted from the central station to the remote 
station after the reception of each data message from the remote 
station. In order to send an ACK frame, the central station 12 
must, first, correctly receive the data message before issuing 
an ACK frame (FIG. 4C) . 

The example of Figure 7 illustrates that, during the 
reservation request period, remote stations 1 and 3 have 
transmitted reserved slot request frames 54 and 56, respectively. 
Therefore, during the upward data transfer period, each of these 
two remote stations is polled. As before, a first poll frame P z 
is issued from the central station in frame 60, and data packet 
DATA-l from remote station 1 is returned during frame 62. 
However, now an acknowledgement frame AK 2 is sent from the 
central station to remote station 1 during frame 63. A similar 
polling/data transfer/acknowledgement sequence occurs for remote 
station 3 during frames 64, 66, and 67. As only partially shown 
in Figure 7, remote station X-X c was polled, it transmitted its 
data packet, and its acknowledgment frame AK X is shown being 
returned during frame 69. 

If the remote station 14 does not receive an acknowl- 
edgement (ACK) from the central station 12 following a data 
tre : er (or does not get polled) , then the remote station 14 
sen: . a reserved slot request (RR) during the next request period 
50. If the remote station 14 does not get a response after 3 
tries, the data is discarded. 
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The broadcast period follows the upward period. Any 
stations which may have de- activated during the upward period 
must re-activate for the broadcast period. During the broadcast 
period, data is broadcast from the central station 12 to all 
remote stations 14. Data frames (FIG. 4C) during the broadcast 
period are sent with the broadcast DID (e.g., FFFF hexadecimal) . 
Broadcast data frames are not preceded by an RTS/CTS exchange and 
are not acknowledged by receiving remote stations 14. If there 
is no broadcast data to be sent from the central station 12 to 
the remote stations 14, then an EDSYNC frame 53 at the beginning 
of the data period 51 may be used to indicate a broadcast length 
of zero. 

Following the broadcast period is the downward data 
period. If the data descriptor 53 at the beginning of the data 
period 51 were a DSYNC frame, then all remote stations 14 must 
remain activated during the downward data period. 

If, on the other hand, the data descriptor 53 were a 
EDSYNC frame, then the contents of the EDSYNC would provide 
advance notification of which remote station (s) 14 would receive 
data and, therefore, which remote stations 14 would remain 
activated during the downward data period. Other remote stations 
14 not present within the list of the EDSYNC frame may deactivate 
for the duration of the downward data period. 

Data transfer from the central station 12 to the remote 
stations 14 during the downward period may occur under either of 
two possible scenarios. The central station may either transmit 
an RTS and wait for a CTS before transmitting the data, or may 
simply transmit a data frame and wait for an acknowledgement 
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response. The use of the RTS by the central station 12 avoids 
the unnecessary transmission of data when the remote station 14 
may not be within range of the central station 12. The use of 
the RTS/CTS exchange, on the other hand, causes more overall data 
traffic between the central station 12 and remote station 14. 

If the remote station received an erroneous data 
message, then a negative acknowledgment frame would be returned 
to the central station. If the central station received neither 
an acknowledgement frame nor a negative acknowledgement frame 
from the remote station, then the central station would retrans- 
mit the same data message in the next superf rame . 

Where the RTS/CTS /DATA/ ACK sequence is used and there is no 
response to the RTS, or if the CTS is received with errors, or 
if after the RTS/CTS/DATA sequence, the ACK isn't received, or 
if the ACK is received with errors, then the central station 12 
begins its retransmission with the retry bit of the RTS frame 
set. On the other hand, where the DATA/ACK sequence is used and 
there is no ACK received, or if the ACK is received with errors, 
then the central station begins its retransmission with the retry 
bit of the DATA frame set. 

Depending upon the requirements of the particular data 
communication system, it may be advantageous for the central 
station to track and report on the number of active remote 
stations in the network -- whether or not each remote station has 
a data message to send. For this purpose, the central controller 
would issue a mandatory request synchronization (MRSYNC) frame 
to all of the remote stations. When a remote station receives 
this frame, it responds with a RTS frame if it has data to send, 
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or it responds with a forfeit (FORF) frame if it does not. If 
a particular remote station does not respond to the global 
reservation sync frame, then the central station assumes that the 
particular remote station 14 is not presently active. In this 
manner, all of the active remote stations will be accounted for 
by the system without affecting the throughput of the data 
communications channel . 

Periodically, the central station issues a frame 
(RSYNC, MRSYNC, DSYNC, or EDSYNC) including a super frame number. 
The superframe number may be used by the remote stations 14 as 
a functional check of proper operation (e.g., that a particular 
sleep mode interval did not cause a remote station 14 to miss 
part of a superframe) . 

The timing diagrams of Figures 8a and 8b illustrate the 
sleep mode of remote station 3. During the sleep mode, the 
controller in the remote station 14 may disable the infrared 
transmitter and/or receiver circuitry, as well as any other 
circuitry such as a communications processor which is not being 
used at the time. This sleep mode ensures minimum power 
consumption to extend the life of the battery. Figure 8a 
represents the power consumption of the remote station receiver, 
and Figure 8b represents the power consumption of the remote 
station transmitter. These two timing diagrams correspond to the 
timing cycle shown in Figure 7, wherein acknowledgment frames are 
utilized. 

Since the reservation sync frames 52 and descriptor 
frames 53 are substantially periodic, the remote station can be 
programmed to periodically enable its receiver to wait for a 
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reservation sync frame 52 and descriptor frame 53. Accordingly, 
as shown in Figure 8a, the receiver of remote station 3 is turned 
on at time t 0 , which precedes the occurrence of the reservation 
sync frame RS at time t x by a sufficient amount to account for 
clock tolerances. After the reservation sync frame has been 
received, the receiver is disabled at time t 2 . 

At time t 3l the transmitter circuitry is enabled such 
that the reservation request frame RR 3 can be transmitted during 
time slot 3. At time t 4 , the transmitter returns to the sleep 
mode. At time t 5 , the reservation request period has ended, and 
the polled data transfer period (upward period) has begun. 

In general, if the remote station 14 has requested 
access to the network than at least the receiver needs to remain 
active during the upward period for the receipt of polling 
messages. Upon receipt of a polling message, directed to the 
remote station, the receiver may be deactivated and the transmit- 
ter activated. Also, if the descriptor for the data period 51 
is a DSYNC frame, then the remote station 14 must remain active 
for the broadcast period and for the downward period. Further, 
if a frame directed to the remote station 14 is detected by the 
remote station 14, then the transmitter of the remote station 14 
must be activated for transmission of acknowledgement message. 

If the descriptor 53 of the data period 51 is a EDSYNC 
frame, then the remote station 14 shuts down unless otherwise 
required. If the remote station 14 has transmitted an access 
request during the request period, then the receiver of the 
remote station 14 would remain active until polled, at which time 
the receiver would deactivate and the transmitter activate for 
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transmission of the data frame. At the end of the data frame the 
transmitter would again deactivate and the receiver activate for 
receipt of the acknowledgement frame from the central controller 
12. Likewise, the remote station would only activate for the 
broadcast period if the EDSYNC message indicated that the 
broadcast period would have a non-zero time period, or if a data 
frame were to be directed to the mobile station 14 during the 
downward period. 

Accordingly, remote station 3 (FIG. 8a) must enable its 
receiver such that it can wait for its poll frame P 3 . At time 
t 6 , the poll P 3 has been received such that the receiver can be 
disabled. However, the transmitter is immediately enabled since 
data packet DATA 3 must be transmitted during frame 66. From 
times t 7 to t 8 , acknowledgement frame AK 3 is being received by 
remote station 3. After time t 8 , the receiver of the remote 
station can return to its sleep mode until the broadcast period 
and downward period. Where a DSYNC descriptor 53 is received and 
if no messages were received by the remote station 3 (as depicted 
in FIG. 8a) (under either DSYNC or EDSYNC descriptors 53), then 
at least the transmitter will remain deactivated until the next 
superframe. As can now be seen, the sleep mode is used by the 
remote station to conserve battery power when the central station 
12 is communicating with other remote stations 14. Various other 
sleep mode configurations may also be used, particularly since 
many of the communications processors used in the remote stations 
may include their own internal power conservation circuits and 
software . 
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Ref erring now to Figure 9, a detailed block diagram of 
one of the remote stations is shown. As described above, each 
remote station 14 includes a transceiver which communicates with 
the central station via an optical -infrared data link 19. The 
heart of the remote station is a remote controller 110 which, in 
the preferred embodiment, is a Motorola 68EC000, available from 
Motorola Corporation, operating at 8 Mhz . Remote controller 110 
interfaces with a data processor 112 and a communications 
processor 114, such that data processor 112 can communicate over 
the infrared link using the polling protocol described above. 
In the preferred embodiment, data processor 112 may be part of 
an EPSON Model No. H1001BEW hand-held computer, and communica- 
tions processor 114 may be an 82590 LAN interface chip also 
available from Intel or may be a Field Programmable Gate Array 
(FPGA) with custom programmed logic provided by Spectrix Corp., 
of Evanston Illinois. 

Communications processor 114, in turn, controls an 
infrared transmitter 116 and an infrared receiver 118. Infrared 
transmitters and receivers are well-known in the art. In order 
to perform the control of the sleep mode for the remote station, 
remote controller 110 also controls the application of power from 
power supply 124 to the transmitter and receiver blocks. In the 
preferred embodiment, power supply 124 is contained within the 
hand-held computer of the remote station 14. A clock 126 and a 
memory 128 are also connected to remote controller 110 in order 
to perform the synchronization and station identification 
functions of each remote station. 
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Figure 10 is a detailed block diagram of central 
station 12 of the data communications network shown in Figure 1. 
In order to communicate with the remote stations, the central 
station includes an external transceiver 16. In the preferred 
5 embodiment, infrared transceiver 16 is located at a distance from 
central station 12, since a personal computer is used for the 
network controller and since the infrared link must be direct 
line-of -sight . A network controller 130 interfaces an in- 
put/output port 132 to a communications processor 134 such that 

10 the reservation-based polling protocol of the present invention 
is used to transmit and receive data from infrared link 19 to I/O 
port 13 2 via infrared transmitter 13 6, infrared receiver 13 8, and 
hard-wired link 18. In the preferred embodiment, the function 
of network controller 13 0 is performed by an IBM-compatible 

15 personal computer using a DOS-based operating system. The 
personal computer typically includes a memory 14 0, a clock 142, 
a display 144, and a keyboard 146. 

In review, it can now be seen that the present 
invention provides an improved contention and noncontention-based 

20 multiple-access signalling protocol for a data communications 
network which efficiently utilizes a single channel even when 
only a fraction of the users have data messages to send at a 
given time. The reservation-based polling protocol is particu- 
larly adapted for use with a large number of portable battery- 

25 powered computer devices communicating with a central station via 
an infrared link. 

While specific embodiments of the present invention 
have been shown and described herein, further modifications and 
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improvements may be made by those skilled in the art. All such 
modifications which retain the basic underlying principles 
disclosed and claimed herein are within the scope of the 
invention. 
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What is claimed is ; 

1. An apparatus for exchanging data between a central 
station and a plurality of wireless remote stations on a time 
divided multiple access communication channel comprising: means 
for receiving access requests from remote stations of the 
plurality of remote stations during a first time interval under 
a contention based protocol and a non-content ion based protocol; 
and means for polling for data transfers during a second time 
period the remote stations of the plurality of remote stations 
providing access requests under non-contention based protocols 
during the first time period. 

2. The apparatus as in claim 1 wherein the means for 
receiving access requests from remote stations of the plurality 
of remote stations during a first time interval under a conten- 
tion based protocol and a non- contention based protocol further 
comprises a plurality of time division multiple access slots 
within the first time interval. 

3. The apparatus as in claim 1 wherein the means for 
receiving access requests from remote stations of the plurality 
of remote stations during a first time interval under a conten- 
tion based protocol and a non -content ion based protocol further 
comprising means, located within a slot of the plurality of 
slots, for identifying contention slots and non-contention slots 
to the plurality of remote stations. 

4. The apparatus as in claim 3 further comprising means 
for receiving an access request from a remote station of the 
plurality of remote stations within an identified contention 
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slot and allocating a non-contention slot to the requesting 
remote station. 

5. An apparatus for reducing a duty-cycle of activation 
of a remote station exchanging data with a central station on a 
wireless time divided multiple access communication channel 
comprising: means for receiving an access request from the remote 
station during a first time interval under one of a contention 
based protocol and a non-contention based protocol; means for 
exchanging data during a second time period with the remote 
station providing the access request under the non-content ion 
based protocol during the first time period for data transfers; 
and means for providing an indicia of epoch length of the first 
and second time periods to the remote station by the central 
station. 
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METHOD OF RECEIVING AND SEARCHING A SIGNAL TRANSMITTED IN BURSTS 

BACKGROUND OF THE INVENTION 

I. Field of the Invention 

The present application is a continuation-in-part application of 
copending U.S. Patent Application Serial No. 08/316,177, filed September 30, 
1994, entitled MULTIPATH SEARCH PROCESSOR FOR A SPREAD 
SPECTRUM MULTIPLE ACCESS COMMUNICATION SYSTEM. The present 
invention relates generally to spread spectrum communication systems and, 
more particularly, to signal processing in a cellular telephone communication 
system. 

II. Description of the Related Art 

In a wireless telephone communication system such as cellular 
telephone systems, personal communications systems, and wireless local loop 
2 0 system, many users communicate over a wireless channel to connect to 
wireline telephone systems. Communication over the wireless channel can 
be one of a variety of multiple access techniques which facilitate a large 
number of users in a limited frequency spectrum. These multiple access 
techniques include time division multiple access (TDMA), frequency division 

2 5 multiple access (FDMA), and code division multiple access (CDMA). The 

CDMA technique has many advantages and an exemplary CDMA system is 
described in U.S. Patent No. 4,901,307 issued February 13, 1990 to K. Gilhousen 
et ah, entitled "SPREAD SPECTRUM MULTIPLE ACCESS 
COMMUNICATION SYSTEM USING SATELLITE OR TERRESTRIAL 

3 0 REPEATERS," assigned to the assignee of the present invention and 

incorporated herein by reference. 

In the just mentioned patent, a multiple access technique is disclosed 
where a large number of mobile telephone system users, each having a 
transceiver, communicate through satellite repeaters or terrestrial base 

3 5 stations using CDMA spread spectrum communication signals. In using 

CDMA communications, the frequency spectrum can be reused multiple 
times thus permitting an increase in system user capacity. 

The CDMA modulation techniques disclosed in U.S. Patent 
No. 4,901,307 offer many advantages over narrow band modulation 

4 0 techniques used in communication systems using satellite or terrestrial 

channels. The terrestrial channel poses special problems to any 
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communication system particularly with, respect to multipath signals. The 
use of CDMA techniques permits the special problems of the terrestrial 
channel to be overcome by mitigating the adverse effect of multipath, e.g. 
fading, while also exploiting the advantages thereof. 
5 The CDMA techniques as disclosed in U.S. Patent No. 4,901,307 

contemplate the use of coherent modulation and demodulation for both 
directions of the link in remote unit-satellite communications. Accordingly, 
disclosed therein is the use of a pilot carrier signal as a coherent phase 
reference for the satellite-to-remote unit link and the base station-to-remote 

1 0 unit link. In the terrestrial cellular environment, however, the severity of 

multipath fading with the resulting phase disruption of the channel, as well 
as the power required to transmit a pilot carrier signal from the remote unit, 
precludes usage of coherent demodulation techniques for the remote unit-to- 
base station link. U.S. Patent No. 5,103,459 entitled "SYSTEM AND METHOD 
15 FOR GENERATING SIGNAL WAVEFORMS IN A CDMA CELLULAR 
TELEPHONE SYSTEM", issued June 25, 1990, assigned to the assignee of the 
present invention, the disclosure of which is incorporated by this reference, 
provides a means for overcoming the adverse effects of multipath in the 
remote unit-to-base station link by using noncoherent modulation and 

2 0 demodulation techniques. 

In a CDMA cellular telephone system, the same frequency band can be 
used for communication in all base stations. At the base station receiver, 
separable multipath, such as a line of site path and another path reflecting off 
of a building, can be diversity combined for enhanced modem performance. 

2 5 The CDMA waveform properties that provide processing gain are also used to 

discriminate between signals that occupy the same frequency band. 
Furthermore, the high speed pseudonoise (PN) modulation allows many 
different propagation paths of the same signal to be separated, provided the 
difference in path delays exceeds the PN chip duration. If a PN chip rate of 

3 0 approximately 1 MHz is employed in a CDMA system, the full spread 

spectrum processing gain, equal to the ratio of the spread bandwidth to the 
system data rate, can be employed against paths having delays that differ by 
more than one microsecond. A one microsecond path delay differential 
corresponds to differential path distance of approximately 300 meters. The 
3 5 urban environment typically provides differential path delays in excess of one 
microsecond. 

The multipath properties of the terrestrial channel produce at the 
receiver signals having traveled several distinct propagation paths. One 
characteristic of a multipath channel is the time spread introduced in a signal 
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that is transmitted through the channel. For example, if an ideal impulse is 
transmitted over a multipath channel, the received signal appears as a stream 
of pulses. Another characteristic of the multipath channel is that each path 
through the channel may cause a different attenuation factor. For example, if 
5 an ideal impulse is transmitted over a multipath channel, each pulse of the 
received stream of pulses generally has a different signal strength than other 
received pulses. Yet another characteristic of the multipath channel is that 
each path through the channel may cause a different phase on the signal. For 
example, if an ideal impulse is transmitted over a multipath channel, each 
1 0 pulse of the received stream of pulses generally has a different phase than 
other received pulses. 

In the radio channel, the multipath is created by reflection of the signal 
from obstacles in the environment, such as buildings, trees, cars, and people. 
In general the radio channel is a time varying multipath channel due to the 

1 5 relative motion of the structures that create the multipath. For example, if an 

ideal impulse is transmitted over the time varying multipath channel, the 
received stream of pulses would change in time location, attenuation, and 
phase as a function of the time that the ideal impulse was transmitted. 

The multipath characteristic of a channel can result in signal fading. 

2 0 Fading is the result of the phasing characteristics of the multipath channel. A 

fade occurs when multipath vectors are added destructively, yielding a 
received signal that is smaller than either individual vector. For example, if a 
sine wave is transmitted through a multipath channel having two paths 
where the first path has an attenuation factor of X dB, a time delay of 8 with a 

2 5 phase shift of 0 radians, and the second path has an attenuation factor of 

X dB, a time delay of 5 with a phase shift of 0 + k radians, no signal would be 
received at the output of the channel. 

In narrow band modulation systems such as the analog FM 
•modulation employed by conventional radio telephone systems, the existence 

3 0 of multiple paths in the radio channel results in severe multipath fading. As 

noted above with a wideband CDMA, however, the different paths may be 
discriminated in the demodulation process. This discrimination not only 
greatly reduces the severity of multipath fading but provides an advantage to 
the CDMA system. 

3 5 Diversity is one approach for mitigating the deleterious effects of 

fading. It is therefore desirable that some form of diversity be provided which 
permits a system to reduce fading. Three major types of diversity exist: time 
diversity, frequency diversity, and space/path diversity. 
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Time diversity can best be obtained by the use of repetition, time 
interleaving, and error correction and detection coding which introduce 
redundancy. A system comprising the present invention may employ each of 
these techniques as a form of time diversity. 
5 CDMA by its inherent wideband nature offers a form of frequency 

diversity by spreading the signal energy over a wide bandwidth. Therefore, 
frequency selective fading affects only a small part of the CDMA signal 
bandwidth. 

Space and path diversity are obtained by providing multiple signal 
1 0 paths through simultaneous links from a remote unit through two or more 
base stations and by employing two or more spaced apart antenna elements at 
a single base station. Furthermore, path diversity may be obtained by 
exploiting the multipath environment through spread spectrum processing 
by allowing a signal arriving with different propagation delays to be received 

1 5 and processed separately as discussed above. Examples of path diversity are 

illustrated in U.S. Patent No. 5,101,501 entitled "SOFT HANDOFF IN A 
CDMA CELLULAR TELEPHONE SYSTEM", issued March 21, 1992 and U.S. 
Patent No. 5,109,390 entitled "DIVERSITY RECEIVER IN A CDMA 
CELLULAR TELEPHONE SYSTEM", issued April 28, 1992, both assigned to 

2 0 the assignee of the present invention. 

The deleterious effects of fading can be further controlled to a certain 
extent in a CDMA system by controlling transmitter power. A system for base 
station and remote unit power control is disclosed in U.S. Patent No. 5,056,109 
entitled "METHOD AND APPARATUS FOR CONTROLLING 

2 5 TRANSMISSION POWER IN A CDMA CELLULAR MOBILE TELEPHONE 

SYSTEM", issued October 8, 1991, also assigned to the assignee of the present 
invention. 

The CDMA techniques as disclosed in U.S. Patent No. 4,901,307 
contemplate the use of relatively long PN sequences with each remote unit 

3 0 user being assigned a different PN sequence. The cross-correlation between 

different PN sequences and the autocorrelation of a PN sequence, for all time 
shifts other than zero, both have a nearly zero average value which allows 
the different user signals to be discriminated upon reception. 
(Autocorrelation and cross-correlation requires logical "0" take on a value of 
3 5 "1" and logical T take on a value of "-1" or a similar mapping in order that a 
zero average value be obtained.) 

However, such PN signals are not orthogonal. Although the cross- 
correlation essentially averages to zero over the entire sequence length, for a 
short time interval, such as an information bit time, the cross-correlation is a 
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random variable with a binomial distribution. As such, the signals interfere 
with each other in much the same way as they would if they were wide 
bandwidth Gaussian noise at the same power spectral density. Thus the other 
user signals, or mutual interference noise, ultimately limits the achievable 
capacity. 

It is well known in the art that a set of n orthogonal binary sequences, 
each of length n, for n any power of 2 can be constructed, see Di gital 
Communications with Space Applications. S.W. Golomb et al., Prentice-Hall, 
Inc., 1964, pp. 45-64. In fact, orthogonal binary sequence sets are also known 
for most lengths which are multiples of four and less than two hundred. One 
class of such sequences that is easy to generate is called the Walsh function, 
also known as Hadamard matrices. 

A Walsh function of order n can be defined recursively as follows: 



W(n) = 



W(n/2) , W(n/2) 
W(n/2) , W(n/2) 



where W denotes the logical complement of W, and W(l) = 1 0 



20 Thus, 



25 



W(2) 
W(4) 



0, 0 

0, 1 

0, 0, 0, 0 

0, 1, 0, 1 

0, 0, 1, 1 

0, 1, 1, 0 



, and 



W(8) = 



0, 0, 0, 0, 0, 0, 0, 0 

0, 1, 0, 1, 0, 1, 0, 1 

0, 0, 1, 1, 0, 0, 1, 1 

0, 1, 1, 0, 0, 1, 1, 0 

0, 0, 0, 0, 1, 1, 1, 1 

0, 1, 0, 1, 1, 0, 1, 0 

0, 0, 1, 1, 1, 1, 0, 0 

0, 1, 1, 0, 1, 0, 0, 1 



A Walsh symbol, sequence, or code is one of the rows of a Walsh 
function matrix. A Walsh function matrix of order n contains n sequences, 
each of length n Walsh chips. Each Walsh code has a corresponding Walsh 
index where the Walsh index refers to the number (1 through n) 
corresponding to the row in which a Walsh code is found. For example, for 
n=8 Walsh function matrix given above, the all zeroes row corresponds to 
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Walsh index 1 and the Walsh code 0, 0, 0, 0, 1, 1, 1, 1 corresponds to 
Walsh index 5. 

A Walsh function matrix of order n (as well as other orthogonal 
functions of length n) has the property that over the interval of n bits, the 
5 cross-correlation between all the different sequences within the set is zero. 
This can be seen by noting that every sequence differs from every other 
sequence in exactly half of its bits. It should also be noted that there is always 
one sequence containing all zeroes and that all the other sequences contain 
half ones and half zeroes. The Walsh symbol which consists all logical zeros 

1 0 instead of half one's and zero's is called the Walsh zero symbol. 

On the reverse link channel from the remote unit to the base station, 
no pilot signal exists to provide a phase reference. Therefore a method is 
needed to provide a high-quality link on a fading channel having a low 
Eb/No (energy per bit /noise power density). Walsh function modulation on 
15 the reverse link is a simple method of obtaining 64-ary modulation with 
coherence over the set of six code symbols mapped into the 64 Walsh codes. 
The characteristics of the terrestrial channel are such that the rate of change of 
phase is relatively slow. Therefore, by selecting a Walsh code duration which 
is short compared to the rate of change of phase on the channel, coherent 

2 0 demodulation over the length of one Walsh code is possible. 

On the reverse link channel, the Walsh code is determined by the 
information being transmitted from the remote unit. For example, a three bit 
information symbol could be mapped into the eight sequences of W(8) given 
above. An "unmapping" of the Walsh encoded symbols into an estimate of 

2 5 the original information symbols may be accomplished in the receiver by a 

Fast Hadamard Transform (FHT). A preferred "unmapping" or selection 
process produces soft decision data which can be provided to a decoder for 
maximum likelihood decoding. 

An FHT is used to perform the "unmapping" process. An FHT 

3 0 correlates the received sequence with each of the possible Walsh sequences. 

Selection circuitry is employed to select the most likely correlation value, 
which is scaled and provided as soft decision data. 

A spread spectrum receiver of the diversity or "rake" receiver design 
comprises multiple data receivers to mitigate the effects of fading. Typically 
3 5 each data receiver is assigned to demodulate a signal which has traveled a 
different path, either through the use of multiple antennas or due to the 
multipath properties of the channel. In the demodulation of signals 
modulated according to an orthogonal signaling scheme, each data receiver 
correlates the received signal with each of the possible mapping values using 
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an FHT. The FHT outputs of each data receiver are combined and selection 
circuitry then selects the most likely correlation value based on the largest 
combined FHT output to produce a demodulated soft decision symbol. 

In the system described in the U.S. Patent No. 5,103,459, the call signal 
5 begins as a 9600 bit per second information source which is then converted by 
a rate 1/3 forward error correction encoder to a 28,800 symbols per second 
output stream. These symbols are grouped 6 at a time to form 4800 Walsh 
symbols per second, each Walsh symbol selecting one of sixty-four orthogonal 
Walsh functions that are sixty-four Walsh chips in duration. The Walsh 
1 0 chips are modulated with a user-specific PN sequence generator. The user- 
specific PN modulated data is then split into two signals, one of which is 
modulated with an in-phase (I) channel PN sequence and one of which is 
modulated with a quadrature-phase (Q) channel PN sequence. Both the I 
channel modulation and the Q channel modulation provide four PN chips 

1 5 per Walsh chip with a 1.2288 MHz PN spreading rate. The I and the Q 

modulated data are Offset Quadrature Phase Shift Keying (OQPSK) combined 
for transmission. 

In the CDMA cellular system described in the above-referenced U.S. 
Patent No. 4,901,307, each base station provides coverage to a limited 

2 0 geographic area and links the remote units in its coverage area through a 

cellular system switch to the public switched telephone network (PSTN). 
When a remote unit moves to the coverage area of a new base station, the 
routing of that user's call is transferred to the new base station. The base 
station-to-remote unit signal transmission path is referred to as the forward 

2 5 link and the remote unit-to-base station signal transmission path is referred 

to as the reverse link. 

As described above, the PN chip interval defines the minimum 
separation two paths must have in order to be combined. Before the distinct 
paths can be demodulated, the relative arrival times (or offsets) of the paths in 

3 0 the received signal must first be determined. The channel element modem 

performs this function by "searching" through a sequence of potential path 
offsets and measuring the energy received at each potential path offset. If the 
energy associated with a potential offset exceeds a certain threshold, a signal 
demodulation element may be assigned to that offset. The signal present at 
3 5 that path offset can then be summed with the contributions of other 
demodulation elements at their respective offsets. A method and apparatus 
of demodulation element assignment based on searcher demodulation 
element energy levels is disclosed in co-pending U.S. Patent Application 
Serial No. 08/144,902 entitled "DEMODULATION ELEMENT ASSIGNMENT 
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IN A SYSTEM CAPABLE OF RECEIVING MULTIPLE SIGNALS," filed 
October 28, 1993, assigned to the assignee of the present invention. Such a 
diversity or rake receiver provides for a robust digital link, because all paths 
have to fade together before the combined signal is degraded. 
5 FIG. 1 shows an exemplary set of signals from a single remote unit 

arriving at the base station. The vertical axis represents the power received 
on a decibel (dB) scale. The horizontal axis represents the delay in the arrival 
time of a signal due to multipath delays. The axis (not shown) going into the 
page represents a segment of time. Each signal spike in the common plane of 
1 0 the page has arrived at a common time but was transmitted by the remote 
unit at a different time. In a common plane, peaks to the right were 
transmitted at an earlier time by the remote unit than peaks to the left. For 
example, the left-most peak spike 2 corresponds to the most recently 
transmitted signal. Each signal spike 2 - 7 has traveled a different path and 

1 5 therefore exhibits a different time delay and a different amplitude response. 

The six different signal spikes represented by spikes 2-7 are representative of 
a severe multipath environment. Typical urban environments produce 
fewer usable paths. The noise floor of the system is represented by the peaks 
and dips having lower energy levels. The task of a searcher element is to 

2 0 identify the delay as measured by the horizontal axis of signal spikes 2 - 7 for 

potential demodulation element assignment. The task of the demodulation 
element is to demodulate a set of the multipath peaks for combination into a 
single output. It is also the task of the demodulation elements once assigned 
to a multipath peak to track that peak as it may move in time. 

2 5 The horizontal axis can also be thought of as having units of PN offset. 

At any given time, the base station receives a variety of signals from a single 
remote unit, each of which has traveled a different path and may have a 
different delay than the others. The remote unit's signal is modulated by a 
PN sequence. A copy of the PN sequence is also generated at the base station. 

3 0 At the base station, each multipath signal is individually demodulated with a 

PN sequence code aligned to its timing. The horizontal axis coordinates can 
be thought of as corresponding to the PN sequence code offset which would be 
used to demodulate a signal at that coordinate. 

Note that each of the multipath peaks varies in amplitude as a function 
3 5 of time as shown by the uneven ridge of each multipath peak. In the limited 
time shown, there are no major changes in the multipath peaks. Over a more 
extended time range, multipath peaks disappear and new paths are created as 
time progresses. The peaks can also slide to earlier or later offsets as the path 
distances change as the remote unit moves around in the coverage area of the 
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base station. Each demodulation element tracks small variations in the signal 
assigned to it. The task of the searching process is to generate a log of the 
current multipath environment as received by the base station. 

In a typical wireless telephone communication system, the remote unit 
5 transmitter may employ a vocoding system which encodes voice information 
in a variable rate format. For example, the data rate may be lowered due to 
pauses in the voice activity. The lower data rate reduces the level of 
interference to other users caused by the remote unit transmissions. At the 
receiver, or otherwise associated with the receiver, a vocoding system is 
1 0 employed for reconstructing the voice information. In addition to voice 
information, non-voice information alone or a mixture of the two may be 
transmitted by the remote unit. 

A vocoder which is suited for application in this environment is 
described in copending U.S. patent application Serial No. 08/363,170, entitled 

1 5 "VARIABLE RATE VOCODER," filed December 23, 1994 and assigned to the 

assignee of the present invention. This vocoder produces from digital 
samples of the voice information encoded data at four different rates, e.g. 
approximately 8,000 bits per second (bps), 4,000 bps, 2,000 bps and 1,000 bps, 
based on voice activity during a 20 millisecond (ms) frame. Each frame of 

2 0 vocoder data is formatted with overhead bits as 9,600 bps, 4,800 bps, 2,400 bps, 

and 1,200 bps data frames. The highest rate data frame which corresponds to 
a 9,600 bps frame is referred to as a "full rate" frame; a 4,800 bps data frame is 
referred to as a "half rate" frame; a 2,400 bps data frame is referred to as a 
"quarter rate" frame; and a 1,200 bps data frame is referred to as an "eighth 

2 5 rate" frame. In neither the encoding process nor the frame formatting process 

is rate information included in the data. When the remote unit transmits 
data at less than full rate, the duty cycle of the remote units transmitted signal 
is the same as the data rate. For example, at quarter rate a signal is transmitted 
from the remote unit only one quarter of the time. During the other three 

3 0 quarters time, no signal is transmitted from the remote unit. 

The remote unit includes a data burst randomizer. The data burst 
randomizer determines during which time periods the remote unit transmits 
and during which time periods it does not transmit given the data rate of the 
signal to be transmitted, a remote unit specific identifying number, and the 
3 5 time of day. When operating at less than full rate, the data burst randomizer 
within the remote unit pseudorandomly distributes the active time periods 
within the transmission burst. A corresponding data burst randomizer is also 
included in the base station such that the base station can recreate the 
pseudorandom distribution based on the time of day and the remote unit 
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specific identifying number but the base station is unaware, a priori, of the 
data rate of the transmitted signal. 

The eighth rate time periods determine a so called worthy group of 
time periods. A remote unit operating at quarter rate transmits during the 
5 worthy group time periods and another set of pseudorandomly distributed 
periods. A remote unit operating in half rate transmits during the quarter 
rate time periods and another set of pseudorandomly distributed periods. A 
remote unit operating in full rate transmits continually. In this way, 
regardless of the data rate of the transmitted signal, each time period 

1 0 corresponding to the worthy group is sure to correspond to a time when the 

corresponding remote unit is transmitting a signal. Further details on the 
data burst randomizer are described in copending U.S. patent application 
Serial No. 08/291,647, entitled "DATA BURST RANDOMIZER," filed 
August 16, 1994, and assigned to the assignee of the present invention. 
15 To conserve system resources for actual data of voice transmissions, the 

remote unit does not transmit the rate for each frame. Therefore, the receiver 
must determine the rate at which the data was encoded and transmitted based 
on the received signal so that the receiver associated vocoder can properly 
reconstruct the voice information. A method of determining the rate at 

2 0 which burst data was encoded without receiving rate information from the 

transmitter is disclosed in co-pending U.S. Patent Serial No. 08/233,570, 
entitled "METHOD AND APPARATUS FOR DETERMINING DATA RATE 
OF TRANSMITTED VARIABLE RATE DATE IN A COMMUNICATIONS 
RECEIVER" filed April 26, 1994, and assigned to the assignee of the present 

2 5 invention. The method of determining data rate disclosed in the above 

mentioned patent application is performed after the signal has been received 
and demodulated therefore the rate information is not available during the 
searching process. 

At the base station, each individual remote unit signal must be 

3 0 identified from the ensemble of call signals received. A system and method 

for demodulating a remote unit signal received at a base station is described, 
for example, in U.S. Patent No. 5,103,459. FIG. 2 is a block diagram of the base 
station equipment described in U.S. Patent No. 5,103,459 for demodulating a 
reverse link remote unit signal. 
3 5 A typical prior art base station comprises multiple independent 

searcher and demodulation elements. The searcher and demodulation 
elements are controlled by a microprocessor. In this exemplary embodiment, 
to maintain a high system capacity, each remote unit in the system does not 
transmit a pilot signal. The lack of a pilot signal on the reverse link increases 
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the time needed to conduct a survey of all possible time offsets at which a 
remote unit signal may be received. Typically, a pilot signal is transmitted at a 
higher power than the traffic bearing signals thus increasing the signal to 
noise ratio of the received pilot signal as compared to the received traffic 
5 channel signals. In contrast, ideally each remote unit transmits a reverse link 
signal which arrives with a power level equal to the power level received 
from every other remote unit therefore having a low signal to noise ratio. 
Also, a pilot channel transmits a known sequence of data. Without the pilot 
signal, the searching process must examine all possibilities of what data may 
1 0 have been transmitted. 

FIG. 2 shows an exemplary embodiment of a prior art base station. The 
base station of FIG. 2 has one or more antennas 12 receiving CDMA reverse 
link remote unit signals 14. Typically, an urban base station's coverage area is 
split into three sub-regions called sectors. With two antennas per sector, a 

1 5 typical base station has a total of six receive antennas. The received signals are 

down-converted to baseband by analog receiver 16 that quantizes the received 
signal I and Q channels and sends these digital values over signal lines 18 to 
channel element modem 20. A typical base station comprises multiple 
channel element modems like channel element modem 20 (not shown in 

2 0 FIG. 2). Each channel element modem 20 supports a single user. In the 

preferred embodiment, channel element modem 20 comprises four 
demodulation elements 22 and eight searchers 26. Microprocessor 34 controls 
the operation of demodulation elements 22 and searchers 26. The user PN 
code in each demodulation element 22 and searcher 26 is set to that of the 

2 5 remote unit assigned to that channel element modem 20. Microprocessor 34 

steps searchers 26 through a set of offsets, called a search window, that is likely 
to contain multipath signal peaks suitable for assignment of demodulation 
elements 22. For each offset, searcher 26 reports the energy it finds at that 
offset to microprocessor 34. Demodulation elements 22 are then assigned by 

3 0 microprocessor 34 to the paths identified by searchers 26. Once one of 

demodulation elements 22 has locked onto the signal at its assigned offset, it 
then tracks that path on its own without supervision from microprocessor 34, 
until the path fades away or until it is assigned to a new path by 
microprocessor 34. 

3 5 For the system of FIG. 2, each demodulation element 22 and searcher 26 

contains one FHT processor 52 capable of performing one FHT transform 
during a time period equal to the period of a Walsh symbol. The FHT 
processor is slaved to "real time" in the sense that every Walsh symbol 
interval one value is input and one symbol value is output from the FHT. 
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Therefore, to provide a rapid searching process, more than one searcher 26 
must be used. Each of searchers 26 supplies back to microprocessor 34 the 
results of the search it performs. Microprocessor 34 tabulates these results for 
use in the assignment of demodulation elements 22 to the incoming signals. 
5 In FIG. 2, the internal structure of only one demodulation element 22 is 

shown, but should be understood to apply to searchers 26 as well Each 
demodulation element 22 or searcher 26 of the channel element modem has a 
corresponding I PN and Q PN sequence generator 36, 38 and the user-specific 
PN sequence generator 40 that is used to select a particular remote unit. User- 
1 0 specific PN sequence output 40 is XOR'd by XOR gates 42 and 44 with the 
output of I PN and Q PN sequence generators 36 and 38 to produce PN-I and 
PN-Q' sequences that are provided to despreader 46. The timing reference of 
PN generators 36, 38, 40 is adjusted to the offset of the assigned signal, so that 
despreader 46 correlates the received I and Q channel antenna samples with 

1 5 the PN-I' and PN-Q' sequence consistent with the assigned signal offset. Four 

of the despreader outputs, corresponding to the four PN chips per Walsh chip, 
are summed to form a single Walsh chip by accumulators 48 and 50. The 
accumulated Walsh chip is then input into Fast Hadamard Transform (FHT) 
processor 52. When 64 chips corresponding to one Walsh symbol have been 

2 0 received, FHT processor 52 correlates the set of sixty-four Walsh chips with 

each of the sixty-four possible transmitted Walsh symbols and outputs a sixty- 
four entry matrix of soft decision data. The output of FHT processor 52 is then 
combined with those of other assigned demodulation elements by combiner 
28. The output of combiner 28 is a "soft decision" demodulated symbol, 

2 5 weighted by the confidence that it correctly identifies the originally 

transmitted Walsh symbol. The soft decision data is then passed to forward 
error correction decoder 29 for further processing to recover the original call 
signal. This call signal is then sent through digital link 30, such as a Tl or El 
link, that routes the call to public switched telephone network (PSTN) 32. 

3 0 Like each demodulation element 22, each searcher 26 contains a 

demodulation data path with an FHT processor capable of performing one 
FHT transform during a time period equal to the period of a Walsh symbol. 
Searcher 26 only differs from demodulation element 22 in how its output is 
used and in that it does not provide time tracking. For each offset processed, 
3 5 each searcher 26 finds the correlation energy at that offset by despreading the 
antenna samples, accumulating them into Walsh chips that are input to the 
FHT transform, performing the FHT transform and summing the maximum 
FHT output energy for each of the Walsh symbols for which the searcher 
dwells at an offset. The final sum is reported back to microprocessor 34. 
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Generally each searcher 26 is stepped through the search window with the 
others as a group by microprocessor 34, each separated from its neighbor by 
half of a PN chip. In this way enough correlation energy exists at each 
maximum possible offset error of a quarter chip to ensure that a path is not 
5 missed because the searcher did not correlate with the exact offset of the path. 
After sequencing searchers 26 through the search window, microprocessor 34 
evaluates the results reported back, looking for strong paths for demodulation 
elements assignment as described in above mentioned co-pending U.S. Patent 
Application Serial No. 08/144,902. 
1 0 The multipath environment is constantly changing as the remote unit 

and other reflective objects move about in the base station coverage area. The 
number of searches that must be performed is set by the need to find 
multipath quickly enough so that valid paths may be put to good use by the 
demodulation elements. On the other hand, the number of demodulation 

1 5 elements required is a function of the number of paths generally found to be 

usable at any point in time. To meet these needs, the system of FIG. 2 has two 
searchers 26 and one demodulation element 22 for each of four demodulator 
integrated circuits (ICs) used, for a total of four demodulation elements and 
eight searchers per channel element modem. Each of these twelve processing 

2 0 elements contains a complete demodulation data path, including the FHT 

processor which takes a relatively large, costly amount of area to implement 
on an integrated circuit. In addition to the four demodulator ICs the channel 
element modem also has a modulator IC and a forward error correction 
decoder IC for a total of 6 IC chips. A powerful and expensive microprocessor 
25 is needed to manage and coordinate the demodulation elements and the 
searchers. As implemented in FIG. 2, these circuits are completely 
independent and require the close guidance of microprocessor 34 to sequence 
through the correct offsets, and handle the FHT outputs. Every Walsh symbol 
microprocessor 34 receives an interrupt to process the FHT outputs. This 

3 0 interrupt rate alone necessitates use of a high powered microprocessor. 

It would be advantageous if the six ICs required for a modem could be 
reduced to a single IC needing less microprocessor support, thereby reducing 
the direct IC cost and board-level production cost of the modem, and allowing 
migration to a lower cost microprocessor (or alternately a single high powered 
3 5 microprocessor supporting several channel element modems at once.) Just 
relying on shrinking feature sizes of the IC fabrication process and placing the 
six chips together on a single die is not enough. The fundamental 
architecture of the searcher needs to be redesigned for a truly cost effective 
single chip modem. From the discussion above, it should be apparent that 
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there is a need for a signal receiving and processing apparatus that can 
demodulate a spread spectrum call signal at a lower cost and in a more 
architecturally efficient manner. 

The present invention can use a set of real time searchers as described 
5 above or a single, integrated search processor that can quickly evaluate large 
numbers of offsets that potentially contain multipath of a received call signal 

The present invention is a method of searching for a multipath signal 
which is transmitted at an unknown variable rate and is subjected to power 
control. 

10 

SUMMARY OF THE INVENTION 

The present invention is a method of searching for a multipath signal 
which is transmitted at an unknown variable rate and is subjected to power 

1 5 control. The searching method is linear in that no attempt is made to 

synchronize the searching process to time known to contain data. The 
searching process is aligned to power control group boundaries so that 
accurate power estimates can be made. 

2 0 BRIEF DESCRIPTION OF THE DRAWINGS 

The features, objects, and advantages of the present invention will 
become more apparent from the detailed description set forth below when 
taken in conjunction with the drawings in which like reference characters 

2 5 identify correspondingly throughout and wherein: 

FIG. 1 represents an exemplary severe multipath signal condition; 
FIG. 2 is a block diagram of a prior art communications network 
demodulation system; 

FIG. 3 represents an exemplary CDMA telecommunications system 

3 0 constructed in accordance with the present invention; 

FIG. 4 is a block diagram of a channel element modem constructed in 
accordance with the present invention; 

FIG. 5 is a block diagram of the search processor; 

FIG. 6 illustrates the circular nature of the antenna sample buffer using 

3 5 a first offset; 

FIG. 7 illustrates the circular nature of the antenna sample buffer for a 
second accumulation at the first offset of FIG. 6; 

FIG. 8 illustrates the circular nature of the antenna sample buffer for a 
second offset; 

4 0 FIG. 9 is a graph showing how the searcher processes the receiver input 

as a function of time; - 
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FIG. 10 is a block diagram of the searcher front end; 

FIG. 11 is a block diagram of the searcher despreader; 

FIG. 12 is a block diagram of the searcher result processor; 

FIG. 13 is a block diagram of the searcher sequencing control logic; 
5 FIG. 14 is a timing diagram showing the processing sequence depicted 

in FIG. 5, showing the corresponding states of certain control logic elements 
presented in FIG. 13; and 

FIG. 15 is an alternative block diagram of the search processor. 

1 0 DESCRIPTION OF THE PREFERRED EMBODIMENT 

In the following description of a method and system for processing 
telephone calls within a digital wireless telephone system, various references 
are made to processes and steps that are performed in order to achieve a 

1 5 desired result. It should be understood that such references do not describe 

human actions or thought, but are directed towards the operation, 
modification and transformation of various systems including and especially 
those systems which process electrical and electromagnetic signals and 
charges, optical signals, or a combination thereof. Fundamental to such 

2 0 systems is the use of various information storage devices, often referred to as 

"memory", which store information via the placement and organization of 
atomic or super-atomic charged particles on hard disk media or within 
silicon, gallium arsenic, or other semiconductor based integrated circuit 
media, and the use of various information processing devices, often referred 

2 5 to as "microprocessors," which alter their condition and state in response to 

such electrical and electromagnetic signals and charges. Memory and 
microprocessors that store and process light energy or particles having special 
optical characteristic, or a combination thereof, are also contemplated and use 
thereof is consistent with the operation of the described invention. 

3 0 The present invention can be implemented in a wide variety of data 

transmission applications and in the preferred embodiment illustrated in 
FIG. 3 is implemented within system 100 for voice and data transmission in 
which system controller and switch (BSC&S) 102 performs interface and 
control functions to permit call communications with remote units 104 

3 5 through base stations 106. BSC&S 102 controls the routing of calls between 

public switched telephone network (PSTN) 108 and base stations 106 for 
transmission to and from remote units 104. 

FIG. 4 illustrates channel element modems 110A - HON and other 
elements of the base station infrastructure operating in accordance with the 

4 0 CDMA methods and data formats described in the above-referenced patents. 
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A plurality of antennas 112 provides received reverse link signal 114 to analog 
transmitter receiver (transceiver) 116. Analog transceiver 116 down-converts 
reverse link signal 114 to baseband and samples the baseband waveform at 
eight times the PN chip rate of the CDMA received signal as defined above. 
5 Analog transceiver 116 provides the digital antenna samples to channel 
element modems 110A - HON through base station RX backplane signal 118. 
Each channel element modem 110A - HON may be assigned to one remote 
unit having an active communication established with the base station. Each 
channel element modem 110A - HON is nearly identical in structure. 
1 0 When channel element modem 110A is assigned to an active call, 

demodulator front end 122 and integrated search processor 128 isolate a signal 
from the corresponding remote unit from the plurality of call signals 
contained in reverse link signal 114 by use of the PN sequences as described in 
the above referenced patents and patent applications. Channel element 

1 5 modem 110A includes single integrated search processor 128 to identify 

multipath signals that can be used by demodulator front end 122. In the 
preferred embodiment, time sliced FHT processor engine 120 services both 
integrated search processor 128 and demodulator front end 122. Other than 
sharing FHT processor engine 120 and related max detect block 160, integrated 

2 0 search processor 128, is stand-alone, self-controlled, and self-contained. A 

searching architecture is detailed in a co-pending U.S. Patent Application 
Serial No. 08/316,177 entitled "MULTIPATH SEARCH PROCESSOR FOR A 
SPREAD SPECTRUM MULTIPLE ACCESS COMMUNICATION SYSTEM' 1 
filed September 30, 1994, and assigned to the assignee of the present 

2 5 invention. 

FHT processor engine 120 is the core of the demodulation process. In 
the preferred embodiment, FHT processor engine 120 correlates the received 
Walsh symbol values with each of the possible Walsh symbols that may have 
been transmitted by the remote unit. FHT processor engine 120 outputs a 

3 0 correlation energy corresponding to each possible Walsh symbol where a 

higher correlation energy level corresponds to a higher likelihood that the 
symbol corresponding to that Walsh index was communicated by the remote 
unit. Max detect block 160 then determines the largest of the 64 FHT 
transform energy outputs. The maximum correlation energy and the 
3 5 corresponding Walsh index from max detect block 160 and each of the 64 
correlation energy output from FHT processor engine 120 are passed to 
pipelined demodulator processor 126 for further signal processing. The 
maximum correlation energy and the corresponding Walsh index from max 
detect block 160 are passed back to integrated search processor 128. 
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Pipelined demodulator processor 126 time aligns and combines symbol 
data received at different offsets into a single demodulated "soft decision" 
symbol stream. In addition, pipelined demodulator processor 126 calculates 
the power level of the signal being received. From the received power level a 
5 power control indication is created to command the remote unit to raise or 
lower the remote unit's transmit power. The power control indication is 
passed through modulator 140 which adds the indication to the base station 
transmitted signal for reception by the remote unit. This power control loop 
operates under the method described in U.S. Patent 5,056,109 referenced 
1 0 above. 

The soft decision symbol stream from pipelined demodulator 
processor 126 is output to deinterleaver/forward error correction decoder 130 
where it is deinterleaved and decoded. Channel element microprocessor 136 
supervises the entire demodulation procedure and obtains the recovered data 

1 5 from deinterleaver/ forward error correction decoder 130 via microprocessor 

bus interface 134. The data is then routed through digital backhaul link 121 to 
BSC&S 102 which connects the call through PSTN 108. 

The forward link data path proceeds much as the inverse of the 
functions just presented for the reverse link. The signal is provided from 

2 0 PSTN 108 through BSC&S 102 and to digital backhaul 121. Digital 

backhaul 121 provides input to encoder/interleaver 138 through channel 
element microprocessor 136. After encoding and interleaving the data, 
encoder/interleaver 138 passes the data to modulator 140 where it is 
modulated as disclosed in the above referenced patents. Output 146 of 

2 5 modulator 140 is passed to transmit summer 142 where it is added to the 

outputs of other channel element modems HOB - HON prior to being 
up converted from baseband and amplified in analog transmitter receiver 116. 
A summing method is disclosed in a co-pending U.S. Patent Application 
Serial No. 08/316,156 entitled "SERIAL LINKED INTERCONNECT FOR THE 

3 0 SUMMATION OF MULTIPLE DIGITAL WAVEFORMS," filed 

September 30, 1994, and assigned to the assignee of the present invention. As 
presented in the above referenced patent application, the transmit summer 
corresponding to each of channel element modems 110A - HON can be 
cascaded in a daisy-chain fashion eventually resulting in a final sum that is 
3 5 provided to analog transceiver 116 for broadcasting. 

FIG. 5 shows the elements comprising integrated search processor 128. 
The heart of the searching process is time sliced FHT processor engine 120, 
which, as mentioned above, is shared between integrated search processor 128 
and demod front end 122 (not shown in FIG. 5). FHT processor engine 120 can 
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perform Walsh symbol transforms at a rate 32 times faster than FHT processor 
52 of FIG. 2. This rapid transform capability empowers the time sliced 
operation of channel element modem 110. 

In the preferred embodiment FHT processor engine 120 is constructed 
using a six stage butterfly network. As explained in detail above, a Walsh 
function of order n can be defined recursively as follows: 



W(n) = 



W(n/2) , W(n/2) 
W(n/2) , W'(n/2) 



where W denotes the logical complement of W, and W(l) = 0. 



In the preferred embodiment a Walsh sequence is generated where n = 6, 
therefore a 6-stage butterfly trellis is used to correlate the 64 Walsh chips of 

1 5 one transmitted Walsh symbol with each of the 64 possible Walsh sequences. 

A structure and method of operation for FHT processor engine 120 is detailed 
in a co-pending U.S. Patent Application Serial No. 08/173,460 entitled 
"METHOD AND APPARATUS FOR PERFORMING A FAST HADAMARD 
TRANSFORM/' filed December 22, 1993, assigned to the assignee of the 

2 0 present invention. 

To reap the benefits of FHT processor engine 120 with thirty-two times 
the throughput of its real-time-slaved counterpart, FHT processor engine 120 
must be provided with high rate input data to process. Antenna sample 
buffer 172 has been specifically tailored to meet this need. Antenna sample 

2 5 buffer 172 is written to and read from in a circular manner 

The searching process is grouped in sets of single offset searches. The 
highest level of grouping is the antenna search set. Each antenna search set is 
made up of a plurality of search windows. Typically each search window in 
the antenna search set is an identically performed search group where each 

3 0 search window in the antenna search receives data from a different antenna. 

Each search window is made up of a series of search rakes. A search rake is a 
set of sequential search offsets that is performed in a time equivalent to the 
duration of a Walsh symbol. Each search rake is comprised of a set of rake 
elements. Each rake element represents a single search at a given offset. 
3 5 At the beginning of the searching process, channel element 

microprocessor 136 sends parameters specifying a search window which may 
be part of an antenna search set. The width of the search window may be 
designated in PN chips. The number of search rakes needed to complete the 
search window varies depending on the number of PN chips specified in the 
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search window. The number of rake elements per search rake can be specified 
by channel element microprocessor 136 or could be fixed to some constant. 

Referring again to FIG. 1 showing an exemplary set of signals arriving 
at the base station from a single remote unit, the relationship of the search 
5 window, search rake, and rake element becomes more clear. The vertical axis 
in FIG. 1 represents the power received in decibels (dB). The horizontal axis 
represents the delay in the arrival time of a signal due to multipath delays. 
The axis (not shown) going into the page represents a segment of time. Each 
signal spike in the common plane of the page has arrived at the same time 

1 0 but has been transmitted by the remote unit at a different time. 

The horizontal axis can be thought of as having units of PN chip offset. 
At any given time, the base station perceives a variety of signals from a single 
remote unit, each of which has traveled a different path and may have a 
different delay than the others. The remote unit's signal is modulated by a 
15 PN sequence. A copy of the PN sequence is also generated at the base station. 
At the base station, if each multipath signal were individually demodulated, a 
PN sequence code aligned to each signal's timing would be needed. Each of 
these aligned PN sequences would be delayed from the zero offset reference at 
the base station due to the delay. The number of PN chips that the aligned PN 

2 0 sequence is delayed from the zero offset base station reference could be 

mapped to the horizontal axis. 

In FIG. 1, time segment 10 represents a search window set of PN chip 
offsets to be processed. Time segment 10 is divided into five different search 
rakes such as search rake time segment 9. Each search rake is in turn made up 

2 5 of a number of rake elements which represent the actual offsets to be 

searched. For example, in FIG. 1, each search rake is made up of 8 different 
rake elements such as the rake element indicated by arrow 8. 

To process a single rake element as indicated by arrow 8, a set of 
samples over time at that offset are needed. For example, to process the rake 

3 0 element indicated by arrow 8, the despreading process needs the set of sample 

at the offset indicated by arrow 8 going back into the page over time. The 
despreading process also needs a corresponding PN sequence. The PN 
sequence can be determined by noting the time the samples arrived and the 
offset desired to be processed. The desired offset can be combined with the 
3 5 arrival time to determine the corresponding PN sequence to be correlated 
with the received samples. 

As the rake element is despread the receive antenna samples and the 
PN sequence are run through a series of values over time. Note that the 
received antenna samples are the same for all offsets shown in FIG. 1 and 
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spikes 2-7 are showing exemplary multipath peaks which arrive 
simultaneously and are only discriminated by the despreading process. 

In the preferred embodiment described below, each rake element is 
offset in time from the preceding rake element by one half PN chip in time. 
5 This means that if the rake element corresponding to arrow 8 was correlated 
beginning from the sliced plane shown and moving forward in time (into the 
page as shown) then the rake element to the left of the one corresponding to 
arrow 8 would use samples starting one half chip in time back from the sliced 
plane shown. This progression in time allows each rake element in a 
10 common search rake to be correlated to the same PN sequence. 

Each remote unit receives the base station's transmitted signal delayed 
by some amount due to the path delay through the terrestrial environment. 
The same I and Q PN short code and the user PN long code generation is also 
being performed in the remote unit. The remote unit generates a time 

1 5 reference based on the time reference it perceives from the base station. The 

remote unit uses the time reference signal as an input to its I and Q PN short 
code and the user PN long code generators. The information signal received 
at the base station from the remote unit is therefore delayed by the round trip 
delay of the signal path between the base station and the remote unit. 

2 0 Therefore if the timing of the PN generator used in the searching process is 

slaved to the zero offset timing reference at the base station, the output of the 
generators is always available before the corresponding signal is received from 
the remote unit. 

In an OQPSK signal, the I channel data and the Q channel data are 
25 offset from each other by one half chip in time. Therefore OQPSK 
despreading used in the preferred embodiment requires data sampled at twice 
the chip rate. The searching process also operates optimally with data 
sampled at half the chip rate. Each rake element within a search rake is offset 
by one half chip from the previous rake element. The one half chip rake 

3 0 element resolution ensures that multipath peak signals are not skipped over 

without detection. For these reasons antenna sample buffer 172 of FIG. 5 
stores data sampled at twice the PN chip rate. 

One Walsh symbol worth of data is read from antenna sample 
buffer 172 to process a single rake element. For each successive rake element, 
3 5 one Walsh symbol worth of data is read out of antenna sample buffer 172 one 
half of a PN chip offset from the previous rake element. Each rake element is 
despread with the same PN sequence read from PN sequence buffer 176 by 
despreader 178 for each rake element in the search rake. 
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Antenna sample buffer 172 is two Walsh symbols deep and is 
continually and repeatedly read from and written to throughout the searching 
process. Within each search rake, the rake element having the latest offset in 
time is processed first. The latest offset corresponds to the signal which has 
5 traveled the longest signal path from the remote unit to the base station. The 
time at which the searcher starts to process a search rake is keyed to the Walsh 
symbol boundaries associated with the rake element having the latest offset in 
the search rake. A time strobe, referred to as the offset Walsh symbol 
boundary, indicates the earliest time that all of the samples needed are 
1 0 available in antenna sample buffer 172 and the searching process can begin 
the first rake element in the search rake. 

The operation of antenna sample buffer 172 is most easily illustrated by 
noting its circular nature. FIG. 6 shows an illustrative diagram of the 
operation of antenna sample buffer 172. In FIG. 6 thick circle 400 can be 

1 5 thought of as antenna sample buffer 172 itself. Antenna sample buffer 172 

contains memory locations for two Walsh symbols worth of data. Write 
pointer 406 circulates around antenna sample buffer 172 in the direction 
indicated in real time, meaning that write pointer 406 rotates around the two 
Walsh symbol deep antenna sample buffer 172 in the time that two Walsh 
20 symbols worth of samples are passed to searcher front end 174. As the 
samples are written into antenna sample buffer 172 according to the memory 
location indicated by write pointer 406, the previously stored values are 
overwritten. In the preferred embodiment, antenna sample buffer 172 
contains 1024 antenna samples because each of the two Walsh symbols 

2 5 contains 64 Walsh chips, each Walsh chip contains 4 PN chips, and each PN 

chip is sampled twice. 

The operation of the searching process is divided into discrete 'time 
slices. 1 In the preferred embodiment, a time slice is equal to 1/32 of the Walsh 
symbol duration. The choice of 32 time slices per Walsh symbol is derived 

3 0 from the available clocking frequency and number of clock cycles need to 

perform an FHT. 64 clock cycles are required to perform an FHT for one 
Walsh symbol. In the preferred embodiment, a clock running at eight times 
the PN chip frequency is available and provides the necessary performance 
level. Eight times the PN chip rate multiplied by the 64 required clocks is 
3 5 equivalent to the time it takes to receive two Walsh chips worth of data. 
Because there are 64 Walsh chips in each half of the buffer, 32 time slices are 
needed to read in a complete Walsh symbol. 

In FIG. 6, a set of concentric arcs outside of thick circle 400 represents 
read and write operation with antenna sample buffer 172. (The arcs within 
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thick circle 400 are used to aid explanation and do not correspond to read or 
write operations.) Each arc represents a read or write operation during one 
time slice. The arc closest to the center of the circle occurs first in time and 
each successive arc represents an operation occurring in successively later 
5 time slices as indicated by time arrow 414. Each of the concentric arcs 
corresponds to a section of antenna sample buffer 172 as represented by thick 
circle 400. If one were to imagine radii drawn from the center of thick 
circle 400 to the end points of each of the concentric arcs, the portion of thick 
circle 400 between the intersection of the radii and thick circle 400 would be 
1 0 representative of the memory locations accessed. For example, during the 
first time slice operation shown, 16 antenna samples are written to antenna 
sample buffer 172 represented by arc 402A. 

In FIGS 6, 7, and 8 the following search parameters for the illustrative 
search window are assumed: 

1 5 Search window width = 24 PN chips 

Search offset = 24 PN chips 
Number of symbols to accumulate = 2 
Number of rake elements per search rake =24. 
FIG. 6 also assumes that antenna sample buffer 172 contains nearly a full 

2 0 Walsh symbol worth of valid data before the write indicated by arc 402A. 

During subsequent time slices, a write corresponding to arc 402B and to 
arc 402C occurs. During the 32 time slices available during one Walsh symbol 
worth of time, the write operations continue from arc 402A to arc 402FF most 
of which are not shown. 

2 5 The 32 time slices represented by arcs 402A to 402FF correspond to the 

time used to complete one search rake. Using the parameters given above, 
the search rake begins 24 PN chips offset from zero offset reference or real 
time' and contains 24 rake elements. The 24 PN chip offset corresponds to a 
rotation 16.875 degrees around thick circle 400 from the beginning of the first 

3 0 write indicated by arc 402A (calculated by dividing the 24 PN chip offset by 

the 256 total number of chips in half antenna sample buffer 172 and 
multiplying by 180 degrees.) The 16.875 degree arc is illustrated by arc 412. 
The 24 rake elements correspond to reads indicated by arcs 404A - 404X most 
of which are not shown. The first read corresponding to arc 404A begins at 
3 5 the search offset some time after the write corresponding to 402C so that a 
contiguous set of data is available. Each successive read such as 404B is offset 
from the previous by a single memory location, corresponding to a 1/2 PN 
chip of time. During the search rake shown, the reads move toward earlier 
time offsets as shown by arcs 404A - 404X slanting counter clockwise with 
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progressing time in the opposite rotation direction as write pointer 
indication 406. The 24 read represented by arcs 404A to 404X traverse the arc 
indicated by arc 418. The progression of the reads toward earlier samples has 
the advantage of providing seamless searching within a search window as 
5 each search rake is executed. This advantage is explained in detail 
subsequently herein. 

Each of the reads corresponding to arcs 404A to 404X passes one Walsh 
symbol worth of data to despreader 178. The read therefore corresponds to 
traversing thick circle 400 by 180 degrees. Note that in the search rake shown 
10 in FIG. 6, the last write corresponding to arc 402FF, and last read 
corresponding to arc 404X do not include any common memory locations to 
ensure contiguous valid data. However, hypothetical^, if the pattern of read 
and writes were to continue they would in fact intersect and valid data would 
not be provided under this condition. 

1 5 In most signaling conditions, the result of a rake element worth of data 

collected during one Walsh symbol worth of time is not sufficient to provide 
accurate information about the location of diverse signals. In these cases, a 
search rake may be repeated multiple times. The results of rake elements in 
successive search rakes at a common offset are accumulated by search result 

2 0 processor 162 as explained in detail subsequently herein. In this case the 

search parameters given above indicate that the number of symbols to 
accumulate at each offset is two. FIG. 7 shows the search rake of FIG. 6 
repeated at the same offset for the next successive Walsh symbol worth of 
data. Note that antenna sample buffer 172 contains two Walsh symbols worth 

2 5 of data so that the data that is needed for processing during the search rake 

indicated on FIG. 7 was written during the search rake shown on FIG. 6. In 
this configuration, memory locations 180 degrees away from each other 
represent the same PN offset. 

After completing the two accumulated search rakes in FIGS 6 and 7, the 

3 0 searching process advances to the next offset in the search window. The 

amount of the advance is equal to the width of the search rake processed, in 
this case 12 PN chips. As specified in the search parameters, the search 
window width is 24 PN chips. The width of the window will determine how 
many search rake offsets are needed to complete the search window. In this 
3 5 case two different offsets are needed to cover the 24 PN chip window width. 
The window width is indicated on FIG. 8 by arc 412. The second offset for this 
search window begins at the offset following the last offset of the previous 
search rake and continues around to the nominal zero offset point as set by 
the location of the beginning of the first write as indicated by arc 430A. Again 
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there are 24 rake elements within the search rake as indicated by 
arcs 432A - 432X most of which are not shown. Again the 32 writes are 
indicated by the arcs430A - 430FF. Thus the last write, as indicated by 
arc 430FF, and the last read, as indicated by arc 432X, abut one another in 
5 antenna sample buffer 172. 

The search rake shown in FIG. 8 is repeated on the opposite side of 
antenna sample buffer 172 much as the search rake in FIG. 6 is repeated in 
FIG. 7 because the search parameters designate that each symbol is 
accumulated twice. At the completion of the second accumulation of the 
1 0 second search rake, integrated search processor 128 is available to begin 
another search window. The subsequent search window could have a new 
offset or it could specify a new antenna or both. 

In FIG. 8, the location of the boundary between the read half and the 
write half of the buffer is marked with label 436. In FIG. 6, the boundary is 

1 5 marked with label 410. The signal which indicates the point in time 

corresponding to labels 410 and 436 is referred to as the offset Walsh symbol 
strobe and also indicates that a new Walsh symbol worth of samples is 
available. As the search rakes within a window advance to earlier offsets, the 
boundary between the read and write halves of the buffer slews in lock step 

2 0 counterclockwise as shown in FIG. 8. If after the completion of the present 

search window, if a large change in the offset being processed is desired, the 
offset Walsh symbol strobe may be advanced a large portion of the 
circumference of the circle. 

FIG. 9 is a search timeline that provides further graphical illustration of 

2 5 the searcher processing. Time is plotted along the horizontal axis in units of 

Walsh symbols. Antenna sample buffer 172 addresses and PN sequence 
buffer 176 addresses are shown along the vertical axis, also in units of Walsh 
symbols. Because antenna sample buffer 172 is two Walsh symbols deep, 
antenna sample buffer 172 addressing wraps on even Walsh symbol 

3 0 boundaries, but for illustrative purposes, FIG. 9 shows the addresses before 

being folded on top of one another. Samples are written into antenna sample 
buffer 172 at an address taken directly from the time they were obtained, so 
write pointer 181 into antenna sample buffer 172 is a straight forty-five degree 
inclined line. The offset being processed maps into a base address in antenna 
3 5 sample buffer 174 to start a read of a Walsh symbol of samples for a single rake 
element. The rake elements are illustrated in FIG. 9 as nearly vertical read 
pointer line segments 192. Each rake element maps to a Walsh symbol in 
height as referred to the vertical axis and 1/32 of a Walsh symbol as referred to 
the horizontal axis. 
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The vertical gaps between the rake elements within a search rake are 
caused by demod front end 122 interrupting the search process to use FHT 
processor engine 120. Demod front end 122 operates in real time and has first 
priority use of FHT processor engine 120 whenever it has a current or queued 
5 set of data for processing. Therefore typically use of FHT processor engine 120 
is given to demod front end 120 on each Walsh symbol boundary 
corresponding to a PN offset that is being demodulated by demod front 
end 122. 

FIG. 9 shows the same search rakes shown in FIGS. 6, 7, and 8. For 
1 0 example, search rake 194 has 24 rake elements each of which corresponds to 
one to the read arcs 404A - 404X on FIG. 6. On FIG. 9 for search rake 194, 
pointer 410 indicates the offset Walsh symbol strobe corresponds to the like 
pointer on FIG. 6. To read the current samples, each rake element must be 
beneath write pointer 181. The downward slope of the rake elements with a 

1 5 search rake indicates the steps towards earlier samples. Search rake 195 

corresponds to the search rake shown in FIG. 7 and search rake 196 
corresponds to the search rake shown in FIG. 8. 

In the search window defined by the parameters above, only 24 rake 
elements per search rake are specified even though the search rake has 32 

2 0 available time slices. Each rake element can be processed in one time slice. 

However, it is not practically possible to increase the number of rake elements 
per search rake to 32 to match the number of time slices available during a 
search rake. Demod front end 122 uses some of the available time slices of the 
FHT processor. There is also a time delay associated with a rake advance as 

2 5 the read process must wait for the write process to fill the buffer with valid 

data at the advanced offset. Also some margin is needed to synchronize to a 
time slice processing boundary after observing the offset Walsh symbol strobe. 
All these factors practically limit the number of rake elements which can be 
processed in a single search rake. In some cases the number of rake elements 

3 0 per search rake could be increased such as if demod front end 122 has only one 

demodulation element assigned and hence only interrupts FHT processor 
engine 120 once per search rake. Therefore in the preferred embodiment, the 
number of rake elements per search rake is controllable by channel element 
microprocessor 136. In alternative embodiments, the number of rake 
3 5 elements per search rake could be a fixed constant. 

There also can be significant overhead delay when switching between 
source antennas at the input to the sample buffer or changing the search 
window starting point or width between searches. If one rake needs a 
particular set of samples and the next rake for a different antenna needs to use 
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an overlapping part of the buffer, the next rake must postpone processing 
until the next offset Walsh symbol boundary occurs, at which point a 
complete Walsh symbol of samples for the new antenna source is available. 
In FIG. 9, search rake 198 is processing data from a different antenna than 
5 search rake 197. Horizontal line 188 indicates the memory location 
corresponding to the new antenna input samples. Note that search rake 197 
and 198 do not use any common memory locations. 

For every time slice, two Walsh chips of samples must be written to the 
sample buffer and one full Walsh symbol of samples may be read from the 

1 0 sample buffer. In the preferred embodiment, there are 64 clock cycles during 

each time slice. A full Walsh chip of samples is comprised of four sets of 
samples: ontime I channel samples, late I channel samples, ontime Q channel 
samples and late Q channel samples. In the preferred embodiment, each 
sample is four bits. Therefore sixty four bits per clock are needed from 
15 antenna sample buffer 172. Using a single port RAM, the most 
straightforward buffer design doubles the word width to 128 bits, and splits the 
buffer into two 64 bit wide, 64 word, independently read/writeable even and 
odd Walsh chip buffers 168, 170. The much less frequent writes to the buffer 
are then multiplexed in between reads, which toggle between the two banks 

2 0 on successive clock cycles. 

The Walsh chip samples read from the even and odd Walsh chip 
buffers 168,170 has an arbitrary alignment to the physical RAM word 
alignment. Therefore on the first read of a time slice, both halves are read 
into despreader 178 to form a two Walsh chip wide window from which the 

2 5 single Walsh chip with the current offset alignment is obtained. For even 

Walsh chip search offsets, the even and odd Walsh chip buffer address for the 
first read are the same. For odd Walsh chip offsets, the even address for the 
first read is advanced by one from the odd address to provide a consecutive 
Walsh chip starting from the odd half of the sample buffer. The additional 

3 0 Walsh chips needed by despreader 178 can be passed thereto by a read from a 

single Walsh chip buffer. Successive reads then ensure that there is always a 
refreshed two Walsh chip wide window from which to draw a Walsh chip of 
data aligned to the current offset being processed. 

Referring again to FIG. 5, for each rake element in a search rake, the 
3 5 same Walsh symbol of PN sequence data from PN sequence buffer 176 is used 
in the despreading process. For every clock cycle of a time slice, four pairs of 
PN-T and PN-Q' are needed. Using a single port RAM, the word width is 
doubled and read from half as often. The single write to PN sequence 
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buffer 176 needed per time slice is then performed on a cycle not used for 
reading. 

Because the searching process can specify searching PN offsets of up to 
two Walsh symbols delayed from the current time, four Walsh symbols 
5 worth of PN sequence data must be stored. In the preferred embodiment PN 
sequence buffer 176 is a one hundred and twenty eight word by sixteen bit 
RAM. Four Walsh symbols are required because the starting offset can vary 
by 2 Walsh symbols and once the starting offset is chosen, one Walsh symbol 
worth of PN sequence is need for correlation meaning three Walsh symbols 
1 0 worth of data is need for the despreading process. Because the same PN 
sequence is repeatedly used, the data in PN sequence buffer 176 cannot be 
overwritten during the despreading process corresponding to a single search 
rake. Therefore an additional Walsh symbol worth of memory is needed to 
store the PN sequence data as it is generated. 

1 5 The data that is written into both PN sequence buffer 176 and antenna 

sample buffer 172 is provided by searcher front end 174. A block diagram of 
searcher front end 174 is shown in FIG. 10. Searcher front end 174 includes 
short code I and Q PN generators 202, 206 and the long code User PN 
generator 204. The values output by short code I and Q PN generators 202, 206 

2 0 and the long code User PN generator 204 are determined in part by the time of 

day. Each base station has a universal timing standard such as GPS timing to 
create a timing signal. Each base station also transmits its timing signal over 
the air to the remote units. At the base station, the timing reference is said to 
have zero offset because it is aligned to the universal reference. 

2 5 The output of long code User PN generator 204 is logically XOR'd with 

the output of short code I and Q PN generators 202, 206 by XOR gates 208 
and 210 respectively. (This same process is also performed in the remote unit 
and the output is used to modulate the remote unit's transmitted signal.) 
The output of XOR gates 208 and 210 is stored in serial to parallel shift 

3 0 register 212. Serial to parallel shift register 212 buffers the sequences up to the 

width of PN sequence buffer 176. The output of serial to parallel shift register 
212 is then written into PN sequence buffer 176 at an address taken from the 
zero offset reference time. In this way, searcher front end 174 provides the PN 
sequence data to PN sequence buffer 176. 
3 5 Searcher front end 174 also provides antenna samples to antenna 

sample buffer 172. Receive samples 118 are selected from one of a plurality of 
antennas via a MUX 216. The selected receive samples from MUX 216 are 
passed to latch 218 where they are decimated, meaning one quarter of the 
samples are selected for use in the searching process. Receive samples 118 
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have been sampled at eight times the PN chip rate by analog transmitter 
receiver 116 (of FIG. 4). Processing within the searching algorithm is designed 
for samples taken at one half the chip rate. Therefore only one quarter of the 
received samples need be passed to antenna sample buffer 172. 
5 The output of the latch 218 is fed to serial to parallel shift register 214, 

which buffers the samples up to the width of antenna sample buffer 172. The 
samples are then written into even and odd Walsh chip buffers 168, 170 at 
addresses also taken from the zero offset reference time. In this way, 
despreader 178 can align the antenna sample data with a known offset with 
1 0 respect to the PN sequence. 

Referring again to FIG. 5, for each clock cycle in a time slice, 
despreader 178 takes a Walsh chip of antenna samples from antenna sample 
buffer 172 and a corresponding set of PN sequence values from PN sequence 
buffer 176 and outputs an I and Q channel Walsh chip to FHT processor 

1 5 engine 120 through MUX 124. 

FIG. 11 shows a detailed block diagram of despreader 178. Even Walsh 
chip latch 220 and odd Walsh chip latch 222 latch the data from even Walsh 
chip buffer 168 and odd Walsh chip buffer 170 respectively. MUX bank 224 
extracts the Walsh chip of samples to be used from the two Walsh chips 

2 0 worth of samples presented by even and odd Walsh chip latches 220 and 222. 

MUX select logic 226 defines the boundary of the selected Walsh chip based on 
the offset of the rake element being processed. A Walsh chip is output to 
OQPSK despreader XOR bank 228. 

The PN sequence values from PN sequence buffer 176 are latched by PN 

2 5 sequence latch 234. Barrel shifter 232 rotates the output of PN sequence 

latch 234 based on the offset of the rake element being processed and passes 
the PN sequence to OQPSK despreader XOR bank 228 which conditionally 
inverts the antenna samples based on the PN sequence. The XOR'd values 
are then summed through adder tree 230 which performs the sum operation 

3 0 in the OQPSK despread, and then sums four despread chip outputs together to 

form a Walsh chip for input to FHT processor engine 120. 

Referring again to FIG. 5, FHT processor engine 120 takes sixty-four 
received Walsh chips from despreader 178 through MUX 124, and using 
a 6-stage butterfly trellis, correlates these sixty-four input samples with each of 
3 5 the sixty-four Walsh functions in a sixty-four clock cycle time slice. Max 
detect 160 can be used to find the largest of the correlation energies output 
from FHT processor engine 120. The output of MAX detect 160 is passed on to 
search result processor 162 which is part of integrated search processor 128. 
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Search result processor 162 is detailed in FIG. 12. Search result 
processor 162 also operates in a time sliced manner. The control signals 
provided to it are pipeline delayed to match the two time slice delay from the 
start of inputting Walsh chips to FHT processor engine 120 to obtaining the 
5 maximum energy output. As explained above, a set of search window 
parameters may designate that a number of Walsh symbols worth of data be 
accumulated before the results of the chosen offset are processed. In the 
parameters used with the example of FIGS. 6, 7, 8, and 9, the number of 
symbols to accumulate is 2. Search result processor 162 performs the 
1 0 summing function along with other functions. 

As search result processor 162 performs the sums over consecutive 
Walsh symbols, it must store a cumulative sum for each rake element in the 
search rake. These cumulative sums are stored in Walsh symbol 
accumulation RAM 240. The results of each search rake are input to 

1 5 summer 242 from max detect 160 for each rake element. Summer 242 sums 

the present result with the corresponding intermediate value available from 
Walsh symbol accumulation RAM 240. On the final Walsh symbol 
accumulation for each rake element, the intermediate result is read from 
Walsh symbol accumulation RAM 240 and summed by summer 242 with the 

2 0 final energy from that rake element to produce a final search result for that 

rake element offset. The search results are then compared with the best 
results found in the search up to this point as explained below. 

In the above mentioned co-pending U.S. Patent Application Serial 
No. 08/144,902 entitled "DEMODULATION ELEMENT ASSIGNMENT IN A 

2 5 SYSTEM CAPABLE OF RECEIVING MULTIPLE SIGNALS," the preferred 

embodiment assigns the demodulation elements based on the best results 
from a search. In the present preferred embodiment, the eight best results are 
stored in best result register 250. (A lesser or greater number of results could 
be stored in other embodiments.) Intermediate result register 164 stores the 

3 0 peak values and their corresponding rank order. If the current search result 

energy exceeds at least one of the energy values in intermediate result 
register 164, search result processor control logic 254 discards the eighth best 
result in intermediate result register 164, and inserts the new result, along 
with its appropriate rank, the PN offset, and antenna corresponding to the 
3 5 rake element result. All lesser ranked results are "demoted" one ranking. 
There are a great number of methods well known in the art for providing 
such a sorting function. Any one of them could be used within the scope of 
this invention. 
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Search result processor 162 has a local peak filter basically comprised of 
comparator 244 and previous energy latch 246. The local peak filter, if 
enabled, prevents intermediate result register 164 from being updated even 
though a search result energy would otherwise qualify for inclusion, unless 
5 the search result represents a local multipath peak. In this way, the local peak 
filter prevents strong, broad "smeared" multipath from filling multiple 
entries in intermediate result register 164, leaving no room for weaker but 
distinct multipath that may make better candidates for demodulation. 

The implementation of the local peak filter is straightforward. The 
1 0 energy value of the previous rake element summation is stored in previous 
energy latch 246. The present rake element summation is compared to the 
stored value by comparator 244. The output of comparator 244 indicates 
which of its two inputs is larger and is latched in search result processor 
control logic 254. If the previous sample represented a local maxima, search 

1 5 result processor control logic 254 compares the previous energy result with 

the data stored in intermediate result register 164 as described above. If the 
local peak filter is disabled by channel element microprocessor 136 then the 
comparison with intermediate result register 164 is always enabled. If either 
the leading or the last rake element at the search window boundary has a 

2 0 slope, then the slope latch is set so the boundary edge value can be considered 

as a peak as well. 

The simple implementation of this local peak filter is aided by the 
progression of the reads toward earlier symbols within a search rake. As 
illustrated in FIGS. 6, 7, 8, and 9, within a search rake each rake element 

2 5 progress toward signals arriving earlier in time. This progression means that 

within a search window, the last rake element of a search rake and the first 
rake element of the subsequent search rake are contiguous in offset. 
Therefore, the local peak filter operation does not have to change and the 
output of comparator 244 is valid across search rake boundaries. 

3 0 At the end of processing a search window, the values stored in 

intermediate result register 164 are transferred to best result register 250 
readable by channel element microprocessor 136. Search result processor 162 
has thus taken much of the workload from channel element 
microprocessor 136, which in the system of FIG. 2 needed to handle each rake 
3 5 element result independently. 

The preceding sections have focused on the processing data path of 
integrated search processor 128 and have detailed how raw antenna 
samples 118 are translated into a summary multipath report at the output of 
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best result register 250. The following sections detail how the each of the 
elements in the search processing data path are controlled. 

Search control block 166 of FIG. 5 is detailed in FIG. 13. As mentioned 
previously, channel element microprocessor 136 specifies a search parameter 
5 set including the group of antennas to search over as stored in antenna select 
buffer 348, the starting offset as stored in search offset buffer 308, the number 
of rake elements per search rake as stored in rake width buffer 312, the width 
of the search window as stored in search width buffer 314, the number of 
Walsh symbols to accumulate as stored in Walsh symbol accumulation 
1 0 buffer 316, and a control word as stored in control word buffer 346. 

The starting offset stored in search offset buffer 308 is specified with 
eighth chip resolution. The starting offset controls which samples are 
removed by decimation by latch 218 of FIG. 10 in searcher front end 174. Due 
to the two Walsh symbol wide antenna sample buffer 172 in this 

1 5 embodiment, the largest value of the starting offset is half of a PN chip less 

than two full Walsh symbols. 

Up until this point, the generic configuration to perform a search has 
been disclosed. In reality there are several classes of predefined searches. 
When a remote unit initially attempts to access the system, it sends a beacon 

2 0 signal called a preamble using the Walsh zero symbol. Walsh zero symbol is 

the Walsh symbol which contains all logical zeros instead of half ones and 
zeroes as described above. When a preamble search is performed, the searcher 
looks for any remote unit sending a Walsh zero symbol beacon signal on an 
access channel. The search result for a preamble search is the energy for the 

2 5 Walsh zero symbol. When an acquisition mode access channel search is 

performed, max detect 160 outputs the energy for Walsh zero symbol 
regardless of the maximum output energy detected. The control word stored 
in control word buffer 346 includes a preamble bit which indicates when a 
preamble search is being performed. 

3 0 As discussed above, the power control mechanism of the preferred 

embodiment measures the signal level received from each remote unit and 
creates a power control indication to command the remote unit to raise or 
lower the remote unit's transmit power. The power control mechanism 
operates over a set of Walsh symbols called a power control group during 
3 5 traffic channel operation. (Traffic channel operation follows access channel 
operation and implies operation during an active call.) All the Walsh 
symbols within a single power control group are transmitted using the same 
power control indication command at the remote unit. 
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Also as described above, in the preferred embodiment of the present 
invention, the signal transmitted by the remote unit is of a variable rate 
during traffic channel operation. The rate used by the remote unit to transmit 
the data is unknown at the base station during the searching process. As the 
5 consecutive symbols are accumulated, it is imperative that the transmitter is 
not gated off during the accumulation. Consecutive Walsh symbols in a 
power control group are gated as a group meaning that the 6 Walsh symbols 
comprising a power control group in the preferred embodiment are all gated 
on or all gated off. 

1 0 Thus when the search parameter specifies that a plurality of Walsh 

symbols be accumulated during traffic channel operation, the searching 
process must align each search rake to begin and end within a single power 
control group. The control word stored in control word buffer 346 includes a 
power control group alignment bit. With the power control group alignment 

1 5 bit set to one indicating a traffic channel search, the searching process 

synchronizes to the next power control group boundary instead of just the 
next offset Walsh symbol boundary. 

The control word stored in control word buffer 346 also includes the 
peak detection filter enable bit as discussed earlier in conjunction with FIG. 8. 

2 0 The searcher operates either in continuous or single step mode, 

according to the setting of the continuous /single step bit of the control word. 
In single step mode, after a search is performed, integrated search 
processor 128 returns .to an idle state to await further instructions. In 
continuous mode, integrated search processor 128 is always searching, and by 

2 5 the time channel element microprocessor 136 is signaled that the results are 

available, integrated search processor 128 has started the next search. 

Search control block 166 produces the timing signals used to control the 
searching process performed by integrated search processor 128. Search 
control block 166 sends the zero offset timing reference to short code I and Q 

3 0 PN generators 202, 206 and long code User PN generator 204, and the enable 

signal to decimator latch 218 and the select signal to MUX 216 in searcher 
front end 174. It provides the read and write addresses for PN sequence 
buffer 176 and even and odd Walsh chip buffers 168 and 170. It outputs the 
current offset to control the operation of despreader 178. It provides the 
3 5 intra-time slice timing reference for FHT processor engine 120, and 
determines whether the searching process or the demodulation process uses 
FHT processor engine 120 by controlling FHT input MUX 124. It provides 
several pipeline delayed versions of certain internal timing strobes to search 
result processor control logic 254 of FIG. 12 to allow it to sum search results 
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across a rake of offsets for a number of Walsh symbol accumulations. Search 
control block 166 provides best result register 250 with the pipelined offset and 
antenna information corresponding to accumulated energy values stored. 

In FIG. 13, system time count 342 is slaved to the zero offset time 
5 reference. In the preferred embodiment as previously detailed, the system 
clock runs at eight times the PN chip rate. There are 256 PN chips in a Walsh 
symbol, and 6 Walsh symbols in a power control group for a total 
of 6 x 256 x 8 = 12,288 system clocks per power control group. Therefore in the 
preferred embodiment, system time count 342 is comprised of a fourteen bit 
1 0 counter that counts the 12,288 system clocks. The input reference for short 
code I and Q PN generators 202, 206 and long code User PN generator 204 of 
FIG. 10 in searcher front end 174 is taken from system time count 342. (Long 
code User PN generator 204 output is also based on a longer system wide 
reference which does not repeat for approximately 50 days. The longer system 

1 5 wide reference is not controlled by the searching process and acts as a preset 

value. The continuing operation based on the preset value is controlled by 
system time count 342.) The addresses for PN sequence buffer 176 and even 
and odd Walsh chip buffers 168 and 170 are taken from system time count 342. 
System time count 342 is latched by latch 328 at the beginning of each time 

2 0 slice. The output of latch 328 is selected via address MUX's 330, 332, and 334 

which provide the write addresses corresponding to the current time slice 
when these buffers are written at some latter time within the time slice. 

Offset accumulator 310 keeps track of the offset of the rake element 
currently being processed. The starting offset as stored in search offset 

2 5 buffer 308 is loaded into offset accumulator 310 at the beginning of each search 

window. Offset accumulator 310 is decremented with each rake element. At 
the end of each search rake that is to be repeated for further accumulations, 
the number of rake elements per search rake as stored in rake width buffer 312 
is added back to the offset accumulator to reference it back to the first offset in 

3 0 the search rake. In this way, the searching process again sweeps across the 

same search rake for another Walsh symbol accumulation. If the searching 
process has swept across the current search rake on its final Walsh symbol 
accumulation then offset accumulator 310 is decremented by one by selection 
of the "-1" input of repeat rake MUX 304 which produces the offset of the first 
3 5 rake element in the next search rake. 

The output of offset accumulator 310 always represents the offset of the 
current rake element being processed and thus is used to control data input to 
despreader 178. The output of offset accumulator 310 is added by adders 336 
and 338 to the intra-time slice timing output of system time count 342 to 
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generate the address sequence within a time slice corresponding to a rake 
element. The output of adders 336 and 338 is selected via address MUX's 330 
and 332 to provide antenna sample buffer 172 read addresses. 

The output of offset accumulator 310 is also compared by 
5 comparator 326 with the output of system time count 342 to form the offset 
Walsh symbol strobe which indicates that antenna sample buffer 172 has 
sufficient valid data for the searching process to begin. 

Search rake count 320 keeps track of the number of rake elements 
remaining to be processed in the current search rake. Search rake count 320 is 

1 0 loaded with the width of the search window as stored in search width 

buffer 314 at the beginning of a search window. Search rake count 320 is 
incremented after the processing of the final Walsh symbol accumulation of 
each search rake is complete. When it reaches its terminal count, all offsets in 
the search window have been processed. To provide a indication that the end 
15 of the current search window is imminent, the output of search rake 
count 320 is summed by summer 324 with the output of rake width buffer 312. 
The end of the search window indication marks the time at which antenna 
sample buffer 172 may begin to be filled with data samples from an alternative 
antenna in preparation for the next search window without disrupting the 

2 0 contents needed for the current search window. 

When channel element microprocessor 136 specifies a search window, 
it can specify that the search window be performed for a plurality of antennas. 
In such a case, the identical search window parameters are repeated using 
samples from a series of antennas. Such a group of search windows is called 

2 5 an antenna search set. If an antenna search set is specified by channel element 

microprocessor 136, the antenna set is programmed by the value stored in 
antenna select buffer 348. After the completion of an antenna search set, 
channel element microprocessor 136 is alerted. 

Rake element count 318 contains the number of rake elements left to 

3 0 process in the current search rake. Rake element count 318 is incremented 

once for each rake element processed and is loaded with the output of rake 
width buffer 312 when the searching process is in the idle state or upon 
completion of a search rake. 

Walsh symbol accumulation count 322 counts the number of Walsh 
3 5 symbols left to accumulate for the current search rake. The counter is loaded 
with the number of Walsh symbols to accumulate as stored in Walsh symbol 
accumulation buffer 316 when the searching process is in the idle state or after 
completing a search rake sweep on the final Walsh symbol accumulation. 
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Otherwise the counter is incremented with the completion of each search 
rake. 

Input valid count 302 is loaded whenever the input antenna or 
decimator alignment changes. It is loaded with the minimum number of 
5 samples the searching process needs to process a search rake based on the 
output of rake width buffer 312 (i.e. one Walsh symbol plus one rake width 
worth of samples). Each time an antenna sample is written to antenna 
sample buffer 172, input valid count 302 is incremented. When it reaches its 
terminal count, it sends an enable signal that allows the searching process to 
1 0 begin. Input valid count 302 also provides the mechanism for holding off 
search processing when the offsets of successive search windows do not allow 
continuous processing of data. 

The searching process operates in either an idle state, a sync state, or an 
active state. Searcher sequencing control 350 maintains the current state. 

1 5 Integrated search processor 128 initializes to the idle state when a reset is 

applied to channel element modem 110. During the idle state, all counters 
and accumulators in search control block 166 load their associated search 
parameters as presented above. Once channel element microprocessor 136 
commands the searching process to begin a continuous or a single step search 

2 0 via the control word, integrated search processor 128 moves to the sync state. 

In the sync state, the searching process is always waiting for an offset 
Walsh symbol boundary. If the data in antenna sample buffer 172 isn't valid 
yet, or if the power control group alignment bit is set and the Walsh symbol is 
not a power control group boundary, then integrated search processor 128 

2 5 remains in the sync state until the proper conditions are met on a subsequent 

offset Walsh symbol boundary. With a properly enabled offset Walsh symbol, 
the searching process can move to the active state. 

Integrated search processor 128 stays in the active state until it has 
processed a search rake, at which time it normally returns to the sync state. If 

3 0 integrated search processor 128 is in single step mode, it can go from the active 

state to the idle state after completing the last rake element for the final 
Walsh symbol accumulation for the last search rake in the search window. 
Integrated search processor 128 then waits for channel element 
microprocessor 136 to initiate another search. If instead, integrated search 
3 5 processor 128 is in continuous mode then at this point it loads the new search 
parameter set and returns to the sync state to await the offset Walsh symbol at 
the initial offset to be processed in the new search. The active state is the only 
state in which the antenna data samples are processed. In the idle or sync 
states the searching process simply keeps track of time with system time 
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count 342 and continues to write into the PN sequence buffer 176 and antenna 
sample buffer 172 so that when the searching process does move to the active 
state these buffers are ready to be used. 

FIG. 14 is an exemplary timing view of the first Walsh symbol 
5 accumulation of the second search rake in a search window such as search 
rake 196 shown in FIG. 9. The third Walsh symbol as referenced to the zero 
offset reference system time clock is shown divided into thirty-two time slices. 
Searcher state 372 changes from sync to active when the offset Walsh symbol 
boundary indication corresponding to Walsh symbol 3 indicates that antenna 
1 0 sample buffer 172 is ready with valid samples to process at that offset. During 
the next available time slice, the first rake element of the search rake is 
processed. The searching process continues to use each time slice to process a 
rack element as indicated by an "S" in time slices 374 unless demod front 
end 122 uses FHT processor engine 120 as indicated by an "D" in time 

1 5 slices 374. The searching process finishes processing every rake element in 

the rake and returns to the sync state before the next offset Walsh symbol 
boundary corresponding to Walsh symbol 4. Also shown is search rake count 
state 362 being incremented during the active state until it reaches the 
terminal state, indicating the complete search rake has been processed. Offset 

2 0 count state 364 is shown being incremented between each time slice 

corresponding to a rake element, so that it may be used to derive the sample 
buffer offset read address during the time slice. Offset count state 364 is 
pipelined delayed as offset count for best result register 366. The offset 
count 368 is incremented on the final Walsh symbol accumulation 370 pass. 

2 5 Thus, a single integrated searcher processor configuration, by buffering 

antenna samples and utilizing a time sliced transform processor, can 
independently sequence through a search as configured by a search parameter 
set, analyze the results and present a summary report of the best paths to use 
for demodulation element reassignment. This reduces the searching related 

3 0 workload of the controlling microprocessor so that a less expensive 

microprocessor can be used, and also reduces the direct IC costs by allowing a 
complete channel element modem on a single IC. 

The general principles described herein can be used in systems using 
alternative transmission schemes. The discussion above was based on the 
3 5 reception of a reverse link signal where no pilot signal is available. On the 
forward link of the preferred embodiment, the base station transmits a pilot 
signal. The pilot signal is a signal having known data thus the FHT process 
used to determine which data was transmitted is not necessary. In order to 
embody the present invention, a integrated search processor for receiving a 
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signal comprising a pilot signal would not contain the FHT processor or 
maximum detection function. For example FHT processor engine 120 and 
max detect 160 blocks of FIG. 5 could be replaced with simple accumulator 125 
as shown in FIG. 15. The searching operation when a pilot signal is available 
5 is analogous to an acquisition mode access channel search operation as 
described above. 

The searching architecture described above can be used to perform 
searches in a variety of manners. The most efficient search is a linear search. 
A linear search is performed by linearly searching potential time offsets in 
1 0 order regardless of the probability that the remote unit is transmitting. When 
searching for a remote unit signal, the base station must know the expected 
coverage area range. For example a typical base station covers a range of 
approximately 50 kilometers implying a round trip delay of 350 microseconds 
or approximately 430 PN chips in the preferred embodiment. Also, in the 

1 5 multipath environment where signals take nondirect paths, the remote unit 

signal may be delayed as much as twice the direct path propagation implying 
that searching must be done over a set of nearly 1000 different PN offsets. 
Once a remote unit's signal has been detected and is being demodulated, the 
approximate distance of the remote unit is known and the possible PN offsets 

2 0 which need to be searched to ensure that the majority valid multipath signals 

are detected are greatly reduced. 

Within a given search over a power control group, there are three 
reasons why a signal may not be detected at a given PN offset. First, no signal 
may be arriving at the given PN offset. A remote unit may provide several 

2 5 multipath signals but the number of multipath signals created is only a very 

small portion of all the offsets searched. Thus the majority of searched offsets 
do not produce energy results that exceed the detection threshold precisely 
because no remote unit signal is present at that offset. 

Secondly, the signal may be arriving at the given PN offset but faded 

3 0 during a large portion of the search integration time. As explained above, the 

multipath characteristic of a radio channel can result in signal fading. Fading 
is the result of the phasing characteristics of the multipath channel. A fade 
occurs when multipath vectors are added destructively, yielding a received 
signal that is smaller than either individual vector. Thus if a signal which is 
3 5 long term valid happens to be in a deep fade at the time the search is made, 
no signal is available for detection by the searching process. 

Thirdly, the signal would have arrived at the given PN offset but for 
the fact that the transmitter of the remote unit is gated off during the period 
of time in question. As explained above, in the preferred embodiment the 
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remote unit produces a bursty signal The remote unit comprises a variable 
rate vocoder which produces variable rate frames of data. The data burst 
randomizer determines during which time periods the remote unit transmits 
and during which time periods it does not transmit given the data rate of the 
5 signal to be transmitted, a remote unit specific identifying number, and the 
time of day. When operating at less than full rate, the data burst randomizer 
within the remote unit pseudorandomly distributes the active time periods 
within the transmission burst. A corresponding data burst randomizer is also 
included in the base station such that the base station can recreate the 
1 0 pseudorandom distribution based on the time of day and the remote unit 
specific identifying number but the rate information is not available during 
the searching process. As noted above, the eighth rate time periods determine 
a so called worthy group of time periods. In this way, regardless of the data 
rate of the transmitted signal, each time period corresponding to the worthy 

1 5 group is sure to correspond to a time when the corresponding remote unit 

was transmitting a signal. During all other time periods, the remote unit 
may or may not be transmitting depending on the corresponding encoding 
rate. 

When a linear search is specified, in order to obtain valid power 

2 0 measurements, the searching process confines the search integration time (i.e. 

the number of Walsh accumulations at a single search offset) to begin and end 
within a single power control group as explained in greater detail above. A 
search that integrates only within a single power control group is said to be 
synchronized with the power control group boundaries. If the searching 

2 5 process at a given offset were accumulated without regard to power control 

group boundaries and the remote unit were transmitting at less than full rate, 
valid search results corresponding to a power control group where the remote 
unit's signal is gated on may be summed with noise accumulated during a 
subsequent power control group that remote unit's signal is gated off. The 

3 0 summation of the search results corresponding to the power control group 

where the remote unit's signal is gated off corrupt the otherwise valuable 
results accumulated during the power control that the remote unit's signal is 
gated on. 

One method of searching would be to search only those power control 
3 5 groups corresponding to worthy groups. Even if such worthy group only 
searching is performed, the searching process and demodulation element 
assignment process must still be capable of handling the situation in which 
the energy accumulated does not exceed the detection threshold but in reality 
a signal is present at the offset due to the unpredictable fading characteristics 
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of the channel. Therefore a more efficient scheme is to accumulate energy in 
all power control groups whether or not they correspond to worthy groups. If 
energy is detected in a search which does not correspond to a worthy group, 
an additional valid data point is generated over and above what would be 
5 generated based on a worthy group only search. 

As noted above, a preamble search and a search performed during 
traffic channel operation are different. When a remote unit initially attempts 
to access the system, it sends a beacon signal called a preamble using the 
Walsh zero symbol. Walsh zero symbol is the Walsh symbol which contains 
1 0 all logical zeros instead of half ones and zeroes as described above. When a 
preamble search is performed, the searcher looks for any remote unit sending 
a Walsh zero symbol beacon signal on an access channel. In the preferred 
embodiment, the transmission of the preamble is always full rate and is never 
gated off. Therefore during a preamble search there is no need for 

1 5 synchronization with the power control group boundaries. 

There are many configurations for spread spectrum multiple access 
communication systems not specifically described herein but with which the 
present invention is applicable. For example, other encoding and decoding 
means could be used instead of the Walsh encoding and FHT decoding. The 

2 0 previous description of the preferred embodiments is provided to enable any 

person skilled in the art to make or use the present invention. The various 
modifications to these embodiments will be readily apparent to those skilled 
in the art, and the generic principles defined herein may be applied to other 
embodiments without the use of the inventive faculty. Thus, the present 
2 5 invention is not intended to be limited to the embodiments shown herein 
but is to be accorded the widest scope consistent with the principles and novel 
features disclosed herein. 
WE CLAIM: 
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CLAIMS 

1. A method of receiving a signal comprised of a group of spread 
2 spectrum call signals sharing a common frequency band wherein each of 
said spread spectrum call signals comprises a series of bits encoded in groups 
4 of a fixed length into a series of symbols wherein a series of said symbols are 
grouped together in a power control group wherein each symbol in a 
6 common power control group is transmitted at a common power level and 
wherein said power control groups are transmitted in bursts, and isolating 
8 one of said call signals from among said group to determine a call signal 
strength at a path delay time offset from a zero offset reference time, said 
1 0 method comprising the steps of: 

storing PN sequence data bits in a PN sequence buffer; 
1 2 storing a first received set of call signal samples in a sample buffer 

having a limited size; 
1 4 despreading a first fixed length set of said call signal samples from said 

sample buffer corresponding to a first path delay time with a first set of PN 
1 6 sequence data bits from said PN sequence buffer to produce a first despread 
output; 

1 8 storing a second received set of call signal samples in said sample 

buffer; and 

2 0 despreading a second fixed length set of call signal samples from said 

sample buffer corresponding to a second path delay time with said first set of 
2 2 PN sequence data bits from said PN sequence buffer to produce a second 
despread output; 

2 4 wherein said second fixed length set of call signal samples comprises a 

large number of the same call signal samples as said first fixed length set of 

2 6 call signal samples and wherein the length of said first and second received 
set of call signal samples is a fraction the fixed length of said first and second 

2 8 fixed length set of call signal samples; 

wherein said steps of storing said first and second fixed length set of 

3 0 call signal samples and said steps of despreading said first and second fixed 

length set of calls signal samples are performed independent of a probability 
3 2 that said one of said call signals is comprises one of said power control 
groups. 
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2. A method of receiving a signal comprised of a group of spread 
2 spectrum signals sharing a common frequency band and isolating a first 
signal from among said group of spread spectrum signals to determine a 
4 signal strength at a path delay time offset from a zero offset reference time of 
said first signal wherein said first signal comprises a series of symbols 
6 wherein a series of said symbols are grouped together in a symbol set 
wherein each symbol in a common symbol set is transmitted at a fixed 
8 power level wherein successive symbol sets may be transmitted at a variety 
of signal levels wherein said variety of signal levels includes a zero level 
1 0 wherein transmission of said first signal is gated off, said method 

comprising the steps of: 
1 2 searching a first set of call signal samples corresponding to a first 

symbol set for said first signal at a first offset to produce a first power 
1 4 estimate thereof; 

searching a second set of call signal samples corresponding to said first 
1 6 symbol set for said first signal at said first offset to produce a second power 
estimate thereof; 

1 8 summing said first and second power estimates to produce a symbol 

set power level estimate at said first offset; 

2 0 searching a third set of call signal samples corresponding to a second 

symbol set for said first signal at a second offset to produce a third power 
2 2 estimate thereof; 

searching a fourth set of call signal samples corresponding to said 
2 4 second symbol set for said first signal at said second offset to produce a 

fourth power estimate thereof; and 
2 6 summing said third and fourth power estimates to produce a symbol 

set power level estimate at said second offset; 

2 8 wherein said first symbol set and said second symbol set correspond to 

time contiguous symbol sets and wherein said steps of searching are 

3 0 performed continually regardless of said fixed power level. 
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complex valued components and are selected to 
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transmitted signal vectors is transmitted from the 
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High Capacity Wireless Communication 
Using Spatial Subchannels 

RELATED APPLICATIONS 

This application claims priority from U.S. provisional 
applications 60/025,227 and 60/025,228, both filed 08/29/96. 
Both applications are hereby incorporated by reference. 

FIELD OF THE INVENTION 

This invention relates generally to digital wireless 
communication systems. More particularly, it relates to using 
antenna arrays by both a base station and a subscriber to 
significantly increase the capacity of wireless communication 
systems . 

BACKGROUND OF THE INVENTION 

Due to the increasing demand for wireless communication, it 
has become necessary to develop techniques for more 
efficiently using the allocated frequency bands, i.e. 
increasing the capacity to communicate information within a 
limited available bandwidth. This increased capacity can be 
used to enhance system performance by increasing the number of 
information channels, by increasing the channel information 
rates and/or by increasing the channel reliability. 

FIG . 1 shows a conventional low capacity wireless 
communication system. Information is transmitted from a base 
station B to subscribers Si,...,S 9 by broadcasting 
omnidirectional signals on one of several predetermined 
frequency channels. Similarly, the subscribers transmit 
information back to the base station by broadcasting similar 
signals on one of the frequency channels. In this system, 
multiple users independently access the system through the 
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division of the frequency band into distinct subband frequency 
channels. This technique is known as frequency division 
multiple access (FDMA) . 

A standard technique used by commercial wireless phone systems 
to increasing capacity is to divide the service region into 
spatial cells, as shown in FIG. 2. Instead of using just one 
base station to serve all users in the region, a collection of 
base stations Bi, . . . ,B 7 are used to independently service 
separate spatial cells. In such a cellular system, multiple 
users can reuse the same frequency channel without interfering 
with each other, provided they access the system from 
different spatial cells. The cellular concept, therefore, is 
a simple type of spatial division multiple access (SDMA) . 

In the case of digital communication, additional techniques 
can be used to increase capacity. A few well known examples 
are time division multiple access (TDMA) and code division 
multiple access (CDMA) . TDMA allows several users to share a 
single frequency channel by assigning their data to distinct 
time slots. CDMA is normally a spread- spectrum technique that 
does not limit individual signals to narrow frequency channels 
but spreads them throughout the frequency spectrum of the 
entire band. Signals sharing the band are distinguished by 
assigning them different orthogonal digital code sequences. 
These techniques use digital coding to make more efficient use 
of the available spectrum. 

Wireless systems may also use combinations of the above 
techniques to increase capacity, e.g. FDMA /CDMA and TDMA/ CDMA. 
Although these and other known techniques increase the 
capacity of wireless communication systems, there is still a 
need to further increase system performance. Recently, 
considerable attention has focused on ways to increasing 
capacity by further exploiting the spatial domain. 
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One well-known SDMA technique is* to provide the base station 
with a set of independently controlled directional antennas, 
thereby dividing the cell into separate sectors, each 
controlled by a separate antenna. As a result, the frequency 
5 reuse in the system can be increased and/ or cochannel 
interference can be reduced. Instead of independently 
controlled directional antennas, this technique can also be 
implemented with a coherently controlled antenna array, as 
shown in FIG. 3. Using a signal processor to control the 
10 relative phases of the signals applied to the antenna 
elements, predetermined beams can be formed in the directions 
of the separate sectors . Similar signal processing can be 
used to selectively receive signals only from within the 
distinct sectors. 

15 

In an environment containing a significant number of 
reflectors (such as buildings), a signal will often follow 
multiple paths. Because multipath reflections alter the 
signal directions, the cell space experiences angular mixing 

20 and can not be sharply divided into distinct sectors. 
Multipath can therefore cause cochannel interference between 
sectors, reducing the benefit of sectoring the cell. In 
addition, because the separate parts of such a multipath 
signal can arrive with different phases that destructively 

25 interfere, multipath can result in unpredictable signal 
fading . 

In order to avoid the above problems with multipath, more 
sophisticated SDMA techniques have been proposed. For 

30 example, U.S. Pat. No. 5,471,647 and U.S. Pat. No. 5,634,199, 
both to Gerlach et al . , and U.S. Pat. No. 5,592,490 to Barratt 
et al . disclose wireless communication systems that increase 
performance by exploiting the spatial domain . In the 
downlink, the base station determines the spatial channel of 

35 each subscriber and uses this channel information to 
adaptively control its antenna array to form customized beams, 
as shown in FIG. 4A. These beams transmit an information 
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signal x over multiple paths so that the signal x arrives to 
the subscriber with maximum strength. The beams can also be 
selected to direct nulls to other subscribers so that 
cochannel interference is reduced. In the uplink, as shown in 
5 FIG. 4B, the base station uses the channel information to 
spatially filter the received signals so that the transmitted 
signal x' is received with maximum sensitivity and 
distinguished from the signals transmitted by other 
subscribers. In this approach the same information signal 
10 follows several paths, providing increased spatial redundancy. 

In the uplink, there are well known signal processing 
techniques for estimating the spatial channel from the signals 
received at the base station antenna array, e.g. by using a 

15 priori spatial or temporal structures present in the signal, 
or by blind adaptive estimation. If the uplink and downlink 
frequencies are the same, then the spatial channel for the 
downlink is directly related to the spatial channel for the 
uplink, and the base can use the known uplink channel 

20 information to perform transmit beamforming in the downlink. 
Because the spatial channel is frequency dependent and the 
uplink and downlink frequencies are often different, the base 
does not always have sufficient information to derive the 
downlink spatial channel information. One technique for 

25 obtaining downlink channel information is for the subscriber 
to periodically transmit test signals to the base on the 
downlink frequency rather than the uplink frequency. Another 
technique is for the base to transmit test signals and for the 
subscriber to feedback channel information to the base. If 

30 the spatial channel is quickly changing due to the relative 
movement of the base, the subscriber and/or reflectors in the 
environment, then the spatial channel must be updated 
frequently, placing a heavy demand on the system. One method 
to reduce the required feedback rates is to track only the 

35 subspace spanned by the time-averaged channel vector, rather 
than the instantaneous channel vector. Even with this 
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reduction, however , the required feedback rates are still a 
large fraction of the signal information rate. 

Although these adaptive beamf orming techniques require 
5 substantial signal processing and/or large feedback rates to 
determine the spatial channel in real time , these techniques 
have the advantage that they can navigate the complex spatial 
environment and avoid, to some extent, the problems introduced 
by multipath reflections. As a result, an increase in 

10 performance is enjoyed by adaptive antenna array systems, due 
to their use of the spatial dimension. Note, however, that 
while the base station antenna array can make efficient use of 
the spatial dimension by selectively directing the downlink 
signal to the subscriber S, the uplink signal in these systems 

15 is spatially inefficient. Typically, the subscriber is 
equipped with only a single antenna that radiates signal 
energy in all directions, potentially causing cochannel 
interference. These communication systems, therefore, do not 
make optimal use of the spatial dimension to increase 

20 capacity. 

OBJECTS AND ADVANTAGES OF THE INVENTION 

Accordingly, it is a primary object of the present invention 
to provide a communication system that significantly increases 

25 the capacity and performance of wireless communication systems 
by taking maximum advantage of the spatial domain. Another 
object of the invention is to provide computationally 
efficient coding techniques that make optimal use of the 
spatial dimensions of the channel. These and other objects 

30 and advantages will become apparent from the following 
description and associated drawings. 

SUMMARY OF THE INVENTION 

These objects and advantages are attained by a method of 
35 digital wireless communication that takes maximal advantage of 
spatial channel dimensions between a base station and a 
subscriber unit to increase system capacity and performance. 
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Surprisingly, the techniques of the present invention provide 
an increased information capacity in rnultipath environments. 
In contrast, known techniques suffer in the presence of 
rnultipath and do not exploit rnultipath to directly increase 
5 system capacity. In brief, the present invention teaches a 
method of wireless communication using antenna arrays at both 
the base and subscriber units to transmit distinct information 
signals over different spatial channels in parallel, thereby 
multiplying the capacity between the base and the subscriber. 
10 The present invention also teaches specific spatio-temporal 
coding techniques that make optimal use of these additional 
spatial subchannels. 

Generally, the present invention provides a method of digital 

15 wireless communication between a base station and a subscriber 
unit, where a spatial channel characterized by a channel 
matrix H couples an array of M T antenna elements at the base 
station with an array of M R antenna elements at the subscriber 
unit. The method comprises the step of determining from the 

20 channel matrix H a number L of independent spatial 
subchannels, and encoding a plurality of information signals 
into a sequence of transmitted signal vectors . The 
transmitted signal vectors have M T complex valued components 
and are selected to distribute distinct signal information 

25 over the independent spatial subchannels. The sequence of 
transmitted signal vectors is transmitted from the array of M T 
antenna elements at the base station, and a sequence of 
received signal vectors is received at the array of M R antenna 
elements at the subscriber unit. The received signal vectors 

30 have M R complex valued components. These received signal 
vectors are decoded to yield the information signals. 

In another aspect , the invention provides a method that 
comprises computing from a set of K original information 
35 signals a spatio-temporal coded signal in accordance with a 
channel matrix H. The channel matrix H represents the spatio- 
temporal characteristics of the information link between a 
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base station array of M T antenna elements and a subscriber 
unit array of Mr antenna elements. Signal processing 
techniques are used to decompose H into K parallel spatio- 
temporal subchannels that can independently carry information 
5 signals between the base and subscriber units. After 
transmitting the spatio-temporal coded signal over the 
channel, it is decoded into a set of K received information 
signals that correspond to the K original information signals. 
In a preferred embodiment, the K parallel spatio-temporal 

10 subchannels are characterized by a set of K spatio-temporal 
transmission sequences that are derived from a decomposition 
of H into independent modes, and a set of K corresponding 
receive sequences . For example, the K spatio-temporal 
transmission sequences may be multiples of right singular 

15 vectors of H f and the receive sequences may be a matched set 
of K spatio-temporal filter sequences that are left singular 
vectors of H. 

If L is the number of multipath components between the base 
20 station and the subscriber unit, then the number K of parallel 
spatio-temporal channels is not more than (N+v) x M R/ not more 
than N x M T , and not more than N x L, where (N+v) is a maximum 
number of nonzero output samples transmitted for a block of N 
symbols. In a preferred embodiment, the original information 
25 signals comprise K blocks of N symbols, and the channel matrix 
H comprises M T x M R blocks of N x (N+v) channel matrices Hjj . 

In some applications of the present invention, the channel 
state information (CSI) may not be completely known, or may be 
30 expensive to compute. Accordingly, the present invention also 
provides a method for facilitating the efficient computation 
of the K received information signals from the transmitted 
spatio-temporal coded signal by adding cyclic prefixes to the 
coded signal prior to transmission. 

35 
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DESCRIPTION OF THE FIGURES 

FIG. 1 shows a low capacity wireless communication system well 

known in the prior art. 
FIG. 2 illustrates a known technique of spatially dividing a 
5 service region into cells in order to increase system 

capacity. 

FIG. 3 illustrates the use of beamforming with an antenna 
array to divide a cell into angular sectors, as is known 
in the art . 

10 FIGS. 4A and 4B illustrate state-of-the-art techniques using 

adaptive antenna arrays for downlink and uplink 

beamforming, respectively. 
FIGS. 5A and 5B show the parallel transmission of distinct 

information signals using spatial subchannels in downlink 
15 and uplink, respectively, as taught by the present 

invention. 

FIGS. 6A and 6B are physical and schematic representations, 
respectively, of a communication channel for a system 
with multiple transmitting antennas and multiple 
20 receiving antennas, according to the present invention. 

FIG. 7 is a block diagram of the system architecture for 
communicating information over a multiple-input-multiple - 
output spatial channel according to the present 
invention. 

25 

DETAILED DESCRIPTION 

Although the following detailed description contains many 
specifics for the purposes of illustration, anyone of ordinary 
skill in the art will appreciate that many variations and 
30 alterations to the following details are within the scope of 
the invention . Accordingly, the following preferred 
embodiment of the invention is set forth without any loss of 
generality to, and without imposing limitations upon, the 
claimed invention. 

35 

As discussed above in relation to FIGS. 4A and 4B, prior art 
wireless systems employing an adaptive antenna array at the 
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base station are multiple-input-single-output (MISO) systems, 
i.e. the channel from the base to the subscriber is 
characterized by multiple inputs at the transmitting antenna 
array and a single output at the receiving subscriber antenna. 
5 Because these MISO systems can exploit some of the spatial 
channel, they have an increased capacity as compared to 
single-input-single-output ( SISO) systems that are discussed 
above in relation to FIGS. 1 and 2. It should be noted that 
although the MISO systems disclosed in the prior art provide 

10 an increase in overall system capacity by spatially isolating 
separate subscribers from each other, these systems do not 
provide an increase in the capacity of information transmitted 
from the base to a single subscriber, or vice versa. As shown 
in FIGS. 4A and 4B, only one information signal is transmitted 

15 between the base and subscriber in both downlink and uplink of 
a MISO system. Even in the case where the subscriber is 
provided with an antenna array, the prior art suggests only 
that this capability would further reduce cochannel 
interference. Although the overall system capacity could be 

20 increased, this would not increase the capacity between the 
base and a single subscriber. 

The present invention, in contrast, is a multiple-input- 
multiple-output (MIMO) wireless communication system that is 

2 5 distinguished by the fact that it increases the capacity of 
both uplink and downlink transmissions between a base and a 
subscriber through a novel use of additional spatial channel 
dimensions . The present inventors have recognized the 
possibility of exploiting multiple parallel spatial 

30 subchannels between a base station and a subscriber, thereby 
making use of additional spatial dimensions to increase the 
capacity of wireless communication. Surprisingly, this 
technique provides an increased information capacity and 
performance in multipath environments, a result that is in 

35 striking contrast with conventional wisdom. 
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FIGS. 5A and 5B illustrate a MIMO wireless communication 
system according to the present invention. As shown in FIG. 
5A, a base station B uses adaptive antenna arrays and spatial 
processing to transmit distinct downlink signals xi , X2, X3 
5 through separate spatial subchannels to a subscriber unit S 
which uses an adaptive array and spatial processing to receive 
the separate signals. In a similar manner, the subscriber S 
uses an adaptive array to transmit distinct uplink signals 
x'i, x'2> x *3 to the base B over the same spatial subchannels. 
10 As the multipath in the environment increases, the channel 
acquires a richer spatial structure that allows more 
subchannels to be used for increased capacity. 

It is important to note that the simple assignment of the 
distinct signals to the distinct spatial paths in a one-to-one 
correspondence, as illustrated above, is only one possible way 
to exploit the additional capacity provided by the spatial 
subchannel structure. For example, coding techniques can be 
used to mix the signal information among the various paths. 
In addition, the present inventors have developed techniques 
for coupling these additional spatial dimensions to available 
temporal and /or frequency dimensions prior to transmission . 
Although such coupled spatio-temporal coding techniques are 
more subtle than direct spatial coding alone , they provide 
better system performance, as will be described in decail 
below. 

In order to facilitate an understanding of the present 
invention and enable those skilled in the art to practice it, 
30 the following description includes a teaching of the general 
principles of the invention, as well as implementation 
details. First we develop a compact model for understanding 
frequency dispersive , spatially selective wireless MIMO 
channels. We then discuss their theoretical information 
35 capacity limits, and propose spatio-temporal coding structures 
that asymptotically achieve theoretical channel capacity. In 
particular, a spatio-temporal vector coding (STVC) structure 

10 
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for burst transmission is disclosed, as well as a more 
practical, reduced complexity, discrete matrix multitone 
(DMMT) space- frequency coding structure. Both STVC and DMMT 
are shown to achieve the theoretical channel capacity as the 
5 burst duration increases. 

In its preferred implementations, the present invention makes 
use of many techniques and devices well known in the art of 
adaptive antenna arrays systems and associated digital 

10 beamforming signal processing. These techniques and devices 
are described in detail in U.S. Pat. No. 5,471,647 and U.S. 
Pat. No. 5,634,199, both to Gerlach et al . , and U.S. Pat. No. 
5,592,490 to Barratt et al . , which are all incorporated herein 
by reference. In addition, a comprehensive treatment of the 

15 present state of the art is given by John Livita and Titus 
Kwok- Yeung Lo in Digital Beamforming in Wireless 
Communications (Artech House Publishers, 1996). Accordingly, 
the following detailed description focuses upon the specific 
signal processing techniques which are required to enable 

20 those skilled in the art to practice the present invention. 

Consider a communication channel for a system with 
transmitting antennas at a base B and M R receiving antennas at 
a subscriber S, as illustrated in FIGS . 6 A and 6B . The 
2 5 channel input at a sample time k can be represented by an M T 
dimensional column vector 

Z(k) = [Zl(k) 2 MT (k)]T / 

30 and the channel output and noise for sample k can be 
represented, respectively, by M R dimensional column vectors 

x(k) = [xi (k) , . . . ,x MR (k) ] T , 
and 

35 n(k) = [m(k) n MR (k)] T . 
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The communication over the channel H may then be expressed as 
a vector equation 

x(k) = Hz(k) + n(k) , 

where the MIMO channel matrix is 
r hi,i ... hi^M T \ 



Each matrix element hi j represents the SISO channel between 
the i th receiver antenna and the j th transmitter antenna. Due 
to the multipath structure of the spatial channel, orthogonal 
spatial subchannels can be determined by calculating the 
independent modes (e.g. eigenvectors) of the channel matrix H. 
These spatial subchannels can then be used to transmit 
independent signals and increase the capacity of the 
communication link between the base B and the subscriber S« 
Because the multipath introduces time delays, however, a 
spatial decomposition alone will result in temporal mixing of 
the signals. It is more appropriate, therefore, to perform a 
more general spatio-temporal analysis of the channel. 

Let {zj(n)} be a digital symbol sequence to be transmitted 
from the j th antenna element, g{t) a pulse shaping function 
impulse response, and T the symbol period. Then the signal 
applied to the j th antenna element at time t is given by 



The pulse shaping function is typically the convolution of two 
separate filters, one at the transmitter and one at the 
receiver. The optimum receiver filter is a matched filter. In 
practice, the pulse shape is windowed resulting in a finite 
duration impulse response . We assume synchronous complex 
baseband sampling with symbol period T. We define no and (v+1) 




Sj(t) = £ zj (n)g(t-nT) 



n 
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to be the maximum lag and length over all paths I for the 
windowed pulse function sequences {g(nT-T j) } . To simplify 
notation, it is assumed that no = 0 , and the discrete- time 
notation g(nT-Tj ) = gj (n) is adopted. 

5 

When a block of N data symbols are transmitted, N+v non-zero 

output samples result beginning at time sample k-N+1 and 
ending with sample k+v . The composite channel output can now 
be written as an M R N (N+v) dimensional column vector with all 
10 time samples for a given receive antenna appearing in order so 
that 

x(k) = [xitk-N+l) ,xi(k+v), x MR (k-N+l) x MR (k+v)] T , 

15 with an identical stacking for the output noise samples n(k) . 
Similarly, the channel input is an M T KN dimensional column 
vector written as 



20 



25 



z(k) = [zi(k-N+l) , . . . ,zi(k) , . . . /2MT (k-N+l) z MT (k}] T , 

The spatio-temporal communication over the channel H may then 
be expressed as a vector equation 

x(k) = Hz(k) + n(k) , 

where the MIMO channel matrix 
( Hi , i - . . Hi t Mt \ 



H = 



VH MR/ 1 . . H MR/Mt ; 



30 is composed of SISO sub-blocks Hi j with each sub-block 
possessing the well known Toeplitz form. 



We will now discuss the information capacity for the spatio- 
temporal channel developed above. The following analysis 
35 assumes that the noise n(k) is additive white Gaussian noise 
(AWGN) with covariance a 2 I. Each channel use consists of an N 
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symbol burst transmission and the 'total average power radiated 
from all antennas and all time samples is constrained to less 
than a constant. 

Write the singular value decompos i tion ( SVD) of the channel 
matrix as H=VhAhUh / with the j th singular value denoted A.H,j. 
Write the spatio-temporal covariance matrix for z (k) as R z 
with eigenvalue decomposition R 2 =V z A z Uz, and eigenvalues ^z,j- 

It can be demonstrated that the information capacity for the 
discrete- time spatio-temporal communication channel defined 
above is given by 



where ^z,n is given by the spatio-temporal water- filling 
solution. Motivated by this result, the inventors devised the 
following temporal vector coding technique. By appropriately 
selecting up to NXMt spatio-temporal transmission vectors that 
are multiples of the right singular vectors of H, and 
receiving with up to NNM T matched spatio-temporal filter 
vectors that are the left singular vectors of H, up to NNMt 
parallel spatio-temporal subchannels are constructed for 
communicating information over the channel. Mathematically, 
this STVC channel is derived as follows. Substituting 
H=V h A h Uh into the original equation x (k) =Hz (k) +n (k) for the 

channel gives 

x(k) = V H A H u£z(k) + n(k) , 

Left multiplication by v£ yields 

VnX(k) - A H UHZ(k) + VHXX(k), 

which yields the STVC channel when rewritten as 



N«M T 

C = X log 




n=l 
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x(k) - A H z(k) + n(k) , 

where z(k)=u£z(k), x(k)=v£x(k) and n(k)=v£n(k). 

5 

By analyzing the ranks of the above matrices, it can be 
demonstrated that the maximum number of finite amplitude 
parallel spatio-temporal channel dimensions , K, that can be 
created to communicate over the far field channel defined 

10 above is equal no min { NNL, (N+v)SM R( }, where L is the 

number of multipath components. Thus, multipath is an 
advantage in far-field MIMO channels. If the multipath is 
large (L 1) , the capacity can be multiplied by adding 
antennas to both sides of the radio link . This capacity 

15 improvement occurs with no penalty in average radiated power 
or frequency bandwidth because the number of parallel channel 
dimensions is increased, In practice, an adaptive antenna 
array base station, such as that described by Barratt et ai . , 
is modified to implement the above vector coding scheme. In 

20 particular, a signal processor is designed to perform a 
spatio-temporal transform of information signals in accordance 
with the above equations so that they may be transmitted 
through the independent parallel subchannels and decoded by 
the subscriber. 

25 

The space-time vector coding solution described above requires 
a computation of the singular value decomposition of an 
(N+V)KM R X NKMr matrix. Since this computation can be 

complex, the present inventors have developed an optimal 
30 space-time communication structure that requires less 
computational complexity to implement . In particular, 
complexity can be reduced by using a coding structure similar 
to the discrete multi-tone (DMT) standard . DMT is in 
widespread use for wired SISO channels. DMT has also been 
35 applied to wired MISO channels, as described in U.S. Pat. No. 
5,625,651 which is hereby incorporated by reference. The 
present inventors have generalized DMT to the MIMO case and 
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adapted it to wireless channels' to obtain a novel space- 
frequency coding structure that results in a matrix of 
transmission and reception vector solutions for each discrete 
Fourier transform (DFT) frequency index. Because this new 
coding scheme has been generalized to MIMO channels 
characterized by a channel matrix, it is called discrete 
matrix multi-tone (DMMT) . 

In DMMT, N data symbols are again transmitted during each 
channel usage. However, a cyclic prefix is added to the data 
so that the last v data symbols are transmitted from each 

antenna element prior to transmitting the full block of N 
symbols . By receiving only N time samples at the output of 
each antenna element, ignoring the first and last v output 
samples, the MIMO channel submatrices Hij now appear as cyclic 
structures : 



m l,3 



h(V) . . . h(Q) 0 0 ... 0 0 

0 h(V) h(0) 0 ... 0 0 

0 0 ... 0 

0 ... 0 0 0 ... 0 h(V) 

[h( v - 1) ... h(0) 0 0 ... 0 ... 



0 ^ 
0 

0 

h(0) 



0 h( v) 



7 



Given the cyclic SISO channel blocks, the channel matrix can 
be diagonalized with a relatively simple three step procedure. 
First post multiply H with the NKMp x NKMp block diagonal 

inverse discrete Fourier transform (IDFT) matrix F* < m t> where 
each diagonal block is the unitary N x n IDFT matrix F* . The 
next step is to premultiply H by a similar NNMr x NKttk block 

diagonal DFT matrix F (M R> where the diagonal submatrices F are 
N x N DFT matrices. With the well known result that the 

discrete Fourier transform basis vectors form the orthonormal 

A 

singular vectors of the cyclic matrices Hij, the new channel 
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matrix resulting from the IDFT post multiplication and the DFT 
premultiplication is 



F< M R>HF* < M T> = 



f Ti , i . . . Ti f Mt \ 

Jm r , i . . r MR ,M T> 



where r^j is the diagonal matrix containing the singular 
10 values y± , j t n of the cyclic channel submatrix Hij . 
Premultiplication and postmul tiplication by a permutation 
matrix P yields the block diagonal matrix 



15 



PF< M R>HF* < m t) P = 



where 



0 



B n 



f Yl,l,n • - • Yl,M T ,n \ 



20 is the M R X M T space-frequency channel evaluated at DFT index 
n. Given the SVD of B n =V Bjn A B ,nUB,n/ the diagonal DMMT channel 
matrix H is finally obtained by post multiplying by u^ Mt) and 
premultiplying by V* (Mr) to obtain 

25 Ah = V* {M R } PF(%)HF^M T >PU^) = f^'V ° ) 

where u£ Mt) is block diagonal containing the right singular 
matrices of the B n matrices , (Mr) is block diagonal 

containing the left singular matrices of the B n matrices, and 
30 each of the diagonal submatrices A^ /n contains the DMMT 
spatial sub-channel amplitudes, AH,n,j for DFT bin n. The 
parallel channel DMMT equation is then 
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x(k) = A^z(k) + n(k) , 

5 where z(k) is the dimension NNMp input symbol vector, x(k) is 
the dimension NKMr. output symbol vector, and n (k) is the 
dimension NNMr equivalent output noise vector after the DFT 
and spatial orthogonal izat ion operations are performed. A 
block diagram architecture that implements this DMMT space- 
10 frequency channel decomposition is presented in FIG. 7. The 
left portion of the diagram corresponds to the application of 
the operators F* (M T > pu^T* on the signal z(k). These 

operations are performed by a signal processor at the 
transmitter. The right portion of the diagram corresponds to 
15 the application of the operators Vg {MR) PF< M R } on the received 

signals to recover a received information signal x(k) . These 
operations are performed by a signal processor at the 
receiver. The central matrix H corresponds to the spatial 
channel itself. By construction, the signal processing 
20 operations result in a direct relationship between the 
received and transmitted information signals, as indicated by 
the fact that the matrix in the parallel channel DMMT 

equation is diagonal. 

25 This coding scheme significantly reduces the signal processing 
complexity required at the transmitter and receiver to 
diagonalize all space- time subchannels for each data block. 
In particular, this asymptotically optimal space-frequency 
MIMO DMMT information transmission technique has a complexity 

30 advantage of approximately N 2 as compared to the vector coding 
case. Moreover, since all of the matrix operations involved in 
creating the diagonal DMMT channel are invertible, the 
capacity of the DMMT channel is unchanged from that of the 
original cyclic sub-block matrix H. Thus, compared to STVC, 

35 the only capacity decrease for the DMMT space- time coding 
solution is due to the radiated power penalty required to 
transmit the cyclic prefix. This capacity penalty, however, 
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becomes small for large N. Thus, this new communications 
structure offers the advantage of very large increases in 
capacity without penalty in total average transmitted power or 
bandwidth. 

5 

In order to perform transmit beamforming, the base station 
signal processor computes spatio-temporal downlink subchannel 
information from downlink channel information fed back from 
the subscriber . The downlink signal information is then 

10 encoded in accordance with this computed downlink subchannel 
information. Similarly, the subscriber performs the same 
functions for the uplink channel using information fed back 
from the base. Because the present invention provides 
techniques for efficient channel estimation and increased 

15 channel capacity, the base and subscriber can both quickly 
estimate the channel and exchange channel information over the 
increased capacity channels, possibly at a rate slower than 
that of information data . As a result, both the base and 
subscriber can maintain a high degree of spatial resolution in 

20 transmit beamforming; thereby significantly reducing cochannel 
interference from other base stations or subscribers. As a 
result of this high degree of spatial discrimination in both 
transmission and reception, many more base stations and 
subscribers can share the same region of space while using the 

25 same frequency channel. Consequently, in addition to 
increasing the capacity of the channel between any two arrays, 
the present invention also increases system wide capacity by 
significantly reducing cochannel interference. 

30 The teaching contained in this description can easily be 
extended to channels where the noise is not white but is 
highly structured as in the case of additive co-channel 
interference. In this case, large gains in cellular network 
capacity result from the ability to null interference at the 

35 receiver and the ability to constrain radiated interference 
power at the transmitter. These spatial coding techniques can 
also be applied to single frequency subchannel systems with 
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flat fading, conventional analog multicarrier transmission 
channels , or CDMA channels where each code delay can be 
decomposed into orthogonal subchannels provided that there is 
sub-chip multipath. The concepts of the present invention can 
also be applied to a more general class of channels where the 
antenna array is distributed over large distances and the 
propagation does not follow far field behavior. Finally, other 
communication media such as wire-line, acoustic media, and 
optical media will experience the same basic communication 
system benefits when spatio-temporal MIMO channel structures 
are employed. Thus, it will be clear to one skilled in the 
art that the above embodiment may be altered in many ways 
without departing from the scope of the invention. 
Accordingly, the scope of the invention should be determined 
by the following claims and their legal equivalents. 



20 



WO 98/09381 



PCT/US97/15363 



CLAIMS 

What is claimed is: 

1 1. A method of digital wireless communication between a base 

2 station and a subscriber unit, the method comprising: 

3 determining from channel information a number L of independent 

4 spatial subchannels, wherein the channel information 

5 comprises spatial information relating to a spatial 

6 channel coupling an array of M T antenna elements at the 

7 base station with an array of M R antenna elements at the 

8 subscriber unit; 

9 encoding a plurality of information signals into a sequence of 

10 transmitted signal vectors, wherein the transmitted 

11 signal vectors have M T complex valued components and are 

12 selected to send distinct information signal over the 

13 independent spatial subchannels; 

14 transmitting the sequence of transmitted signal vectors from 

15 the array of M T antenna elements at the base station; 

16 receiving a sequence of received signal vectors at the array 

17 of M R antenna elements at the subscriber unit, wherein 

18 the received signal vectors have M R complex valued 

19 components; and 

20 decoding the received signal vectors to recover the 

21 information signals. 

22 

1 2. The method of claim 1 further comprising transmitting the 

2 channel information from the subscriber to the base. 

3 

1 3. The method of claim 1 wherein the channel information 

2 comprises a spatio-temporal channel matrix. 

3 

1 4. The method of claim 1 wherein the number L of independent 

2 spatial subchannels is equal to the number of multiple 

3 signal paths between the base and the subscriber. 

4 

1 5. The method of claim 1 wherein the encoding step comprises 

2 scaling the information signals by complex numbers , 
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3 permuting the scaled information signals and inverse 

4 Fourier transforming the permuted scaled information 

5 signals, and wherein the decoding step comprises Fourier 

6 transforming the received signals, permuting the Fourier 

7 transformed received signals, and scaling the permuted 

8 Fourier transformed received signals, 
9 

1 6. A method of digital wireless communication between a base 

2 station and a subscriber unit, the method comprising: 

3 computing from a set of K original information signals a 

4 spatio-temporal coded signal in accordance with a channel 

5 matrix H having K parallel spatio-temporal subchannels; 

6 transmitting the spatio-temporal coded signal from a base 

7 station array of antenna elements through a channel 

8 corresponding to the channel matrix H to a subscriber 

9 unit array of M R antenna elements; and 

10 computing from the transmitted spatio-temporal coded signal a 

11 set of K received information signals. 

12 

1 7 . The method of claim 6 wherein K is not more than 

2 (N+V) x Mr, not more than NX M?, and not more than 

3 NX L , where L is a maximum number of mul t ipath 

4 components between the base station and the subscriber 

5 unit, and where (N+v) is a maximum number of nonzero 

6 output samples transmitted for a block of N symbols. 

7 

1 8. The method of claim 6 wherein the original information 

2 signals comprise K blocks of N symbols, and the channel 

3 matrix H comprises M T x Mr blocks of N x (N+v ) channel 

4 matrices Hij, where (N+V) is a maximum number of nonzero 

5 output samples transmitted for a block of N symbols. 
6 

1 9. The method of claim 6 wherein cyclic prefixes are added 

2 to the coded signal prior to the transmitting step , 

3 thereby facilitating the efficient computation of the K 

4 received information signals from the transmitted spatio- 

5 temporal coded signal. 
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6 



1 10. The method of claim 6 wherein the K parallel spatio- 

2 temporal subchannels are characterized by a set of K 

3 spatio-temporal transmission sequences that are derived 

4 from a decomposition of H into independent modes. 
5 

1 11. The method of claim 6 wherein the K parallel spatio- 

2 temporal subchannels are characterized by a set of K 

3 spatio-temporal transmission sequences that are multiples 

4 of right singular vectors of H, and matched set of K 

5 spatio-temporal filter sequences that are left singular 

6 vectors of H. 

7 

1 12 . A digital wireless communication system comprising: 

2 a base station comprising a base station antenna array and a 

3 base station signal processor coupled to the base station 

4 antenna array; 

5 a subscriber unit comprising a subscriber antenna array 

6 coupled through a wireless channel to the base station 

7 antenna array and a subscriber signal processor coupled 

8 to the subscriber antenna array; 

9 wherein the base station signal processor computes spatio- 

10 temporal downlink subchannel information from downlink 

11 channel information received from the subscriber, and 

12 encodes downlink signal information in accordance with 

13 the computed downlink subchannel information; and 

14 wherein the subscriber signal processor computes spatio- 

15 temporal uplink subchannel information from uplink 

16 channel information received from the base station, and 

17 encodes uplink signal information in accordance with the 

18 computed uplink subchannel information. 
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ABSTRACT 



A communications system achieves high bit rates over an 
actual communications channel between M transmitter 
antennas of a first unit and N receiver antennas of a second 
unit, where M or N>1, by creating virtual sub -channels from 
the actual communications channel. The multiple antenna 
system creates the virtual sub-channels from the actual 
communications channel by using propagation information 
characterizing the actual communications channel at the first 
and second units. For transmissions from the first unit to the 
second unit, the first unit sends a virtual transmitted signal 
over at least a subset of the virtual sub -channels using at 
least a portion of the propagation information. The second 
unit retrieves a corresponding virtual received signal from 
the same set of virtual sub-channels using at least another 
portion of said propagation information. 

36 Claims, 5 Drawing Sheets 
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MULTIPLE ANTENNA COMMUNICATION transmissions from the first unit to the second unit. Initially, 

SYSTEM AND METHOD THEREOF the first unit and second units obtain the propagation matrix 

bv an exchange of signals. For example, the first unit 

BACKGROUND OF THE INVENTION transmits training signals to the second unit. From the 

1. Field of the Invention 5 tramnl S signals as transmitted and the training signals as 
nL . . . • 1 ' • ! ... received over the actual communications channel, thepropa- 
This invention relates to wireless communication systems , , 4 . A ~ ^ r f 

i 1 i i • gation matrix can be determined. Once the propagation 

and, more particularly, to a multiple antenna communication • . . r • . , 

r " r matrix is determined, each unit can perform a singular value 

. . , decomposition of the propagation matrix. The singular value 

2. Description ol Related Art ^ decomposition of the propagation matrix yields the propa- 
The ultimate bit rate at which a digital wireless commu- gation matrix as the product of three factors D, O and 

nication system may communicate data may be derived where D is a diagonal matrix and <I> and are two unitary 

using Shannon's approach to information theory (commonly matrices with the superscript " + " denoting a conjugate 

referred to as the Shannon limit). The ultimate bit rate is transpose. The singular value decomposition serves to 

based on a number of different parameters, including: the 15 diagonalize the propagation matrix. The number of nonzero 

total radiated power at the transmitter; the number of anten- diagonal elements in the diagonal matrix D corresponds to 

nas at the transmitter and receiver; bandwidth; noise power the num ber of parallel independent virtual sub-channels for 

at the receiver; and the characteristics of the propagation the actual communications channel. In some embodiments, 

environment. For wireless transmission using multiple f or transmissions from the first unit to the second unit, the 

antennas at the transmitter and/or receiver in a so-called 2Q fi rst unit obtains at least a portion of the propagation 

Rayleigh fading environment, the ultimate bit rate could be information which includes the diagonal matrix D and the 

enormous, for example, hundreds of bits per second per Hz unitarv matrix <£. The first unit provides the diagonal matrix 

for a system employing 30 antennas at both the transmitter D to a channel coder/modulator to encode and modulate an 

and receiver and experiencing an average signal-to -noise incoming bit or information stream onto the independent 

ratio of 16 dB. 25 virtual sub -channels according to the values of the diagonal 

A need exists for a wireless communications system matrix D to produce a virtual transmitted signal. As such the 

which achieves high bit rates in a cost effective and rela- diagonal matrix D can provide relative scaling of the bit rate, 

lively simple manner. The first unit then performs a unitary transformation on the 

STTMMARV OF TFTF TNVFNTTON virtual transmitted si § nal b Y multiplying the virtual trans- 

SUMMARY OF THE INVENTION ^ m{m6 s{gm{ ^ ^ transpose of the l]nitary 

The present invention involves a communications system matrix 3> to produce the actual transmitted signal, 

that achieves high bit rates over an actual communications The second unit obtains at least another portion of the 

channel between M transmitter antennas of a first unit and N propagation information which includes the unitary matrix 

receiver antennas of a second unit, where M or N>1, by ^ + and the diagonal matrix D in certain embodiments. The 

creating virtual sub-channels from the actual communica- 35 second unit performs a unitary transformation on the actual 

tions channel. The multiple antenna system creates the received signal by multiplying the actual received signal 

virtual sub-channels from the actual communications chan- with the unitary matrix to produce a virtual received 

nel by using at the first and second units propagation signal. The multiplications at the first and second units by 

information characterizing the actual communications chan- the unitary matrices establish a virtual channel from the 

nel. For transmissions from the first unit to the second unit, 40 actual communications channel between the virtual trans- 

the first unit sends a virtual transmitted signal over at least m i t ted signal and the virtual received signal which can be 

a subset of the virtual sub-channels using at least a portion treated as parallel independent virtual sub-channels. The 

of the propagation information. The second unit retrieves a second unit provides the diagonal matrix D to a channel 

corresponding virtual received signal from the same set of decoder/demodulator to decode and demodulate the virtual 

virtual sub-channels using at least another portion of said 45 received signal according to the matrix D to produce an 

propagation information. information stream. Thus, the multiple antenna system pro- 

In general, a propagation matrix of propagation coeffi- vides high capacity by effectively providing parallel indc- 

cients characterizes the propagation of communication sig- pendent sub-channels within the same frequency band. The 

nals between the transmitting antenna(s) of the first unit and multiple antenna system also provides enhanced perfor- 

the receiving antenna(s) of the second unit. By knowing the 50 mance because the multiple antenna system transmits bits on 

propagation characteristics of the actual communications the virtual sub-channels relative to the values of the diagonal 

channel (multiple -antenna channel), the multiple antenna matrix D, thereby the stronger virtual sub-channels are used 

system can decompose the actual communications channel to transmit more information. 

into multiple virtual sub-channels. For transmissions from , nro ^ nTnTTAXT ™ , TTI ™ A ,_ T . T ^ 0 

*u j •* u *u *u « * •* j +u BRIEF DESCRIPTION OF THE DRAWINGS 

the first unit to the second unit, both the first unit and the 55 

second unit obtain propagation information which charac- ° tner aspects and advantages of the present invention 

terizes the transmissions from the first unit to the second may become apparent upon reading the following detailed 

unit. In certain embodiments, the first unit obtains at least a description and upon reference to the drawings in which: 

portion of the propagation information, and the second unit FIG. 1 shows a baseband representation of a multiple 

obtains at least another portion of the propagation informa- 60 antenna channel or the actual communications channel used 

tion. Using the respective portions of the propagation according to the principles of the present invention; 

information, the first and second units cooperatively render FIG. 2 shows a baseband representation of the virtual 

the actual communications channel into virtual sub- sub -channels derived from the actual communications chan- 

channels, thereby achieving high bit rate or throughput in a nel according to certain principles of the present invention; 

relatively simple manner. 6 5 FIG. 3 shows a block diagram of an embodiment of the 

In certain embodiments, the first and second units obtain multiple antenna system according to the principles of the 

the propagation matrix as the propagation information for present invention; 
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FIG. 4 shows a block diagram of an embodiment of a x r3 ], s,=[s fl , s^, s, 3 ], w t =[w tl , w r2 , w f3 ], and the propagation 

multiple antenna transmitter according to certain principles matrix can be represented as: 
of the present invention; and 

FIG. 5 shows a block diagram of a particular embodiment ftll ^ 2 hl3 

of the transmit circuitry for the transmitter of FIG. 4; 5 h = hll H22 h23 . 

FIG. 6 shows a block diagram of an embodiment of a ^ 32 ^ 33 
multiple antenna receiver according to certain principles of 

the present invention; and In ^ particular embodiment , the seC ond unit 14 can 

FIG. 7 shows a block diagram of an embodiment of the 1Q transmit signals in the reverse direction to the first unit 12. 

receive circuitry of the receiver of FIG. 6. The second unit 14 can use its receive antennas lHa-c to 

transmit the signals, and the first unit 12 can use its transmit 

DETAILED DESCRIPTION OF THE DRAWINGS antennas 16a-c to receive the signals. If the same frequency 

An illustrative embodiment of the multiple antenna com- is used in both directions (using a time division duplex 

munication system according to the principles of the present 15 ( TDD ) scheme in certain bi-directional communications 

invention is described below as the multiple antenna com- " embodiments), the propagation coefficients for transmis- 

munication system might be implemented to provide high sions from the second unit 14 to the first unit 12 can be 

bit rate and enhanced performance. The multiple antenna considered equal to the propagation coefficients for trans- 

r , • , u . , + + missions from the first unit 12 to the second unit 14 

system accomplishes this by using multiple antenna arrays at (according to the reci rocit rinci le) so II -II r 

the transmitter and/or receiver and taking advantage of the 20 snJers^Jt^^LKe to^ose^diffelSi 

propagation characteristics obtained tor the multiple- fr cies are used in both directions (using a frequency 

antenna channel between the antenna(s) of a first unit and the diyision duplex scheme) , the p ropa g a tion coefficients for the 

antenna(s) of a second unit. By knowing certain propagation signak propagating in both direct ions are determined. Using 

characteristics of the actual communications channel an appropriat6 training and set . up sc heme, the first unit 12 

(multiple-antenna channel) at the first unit and the second 25 and the S£Cond unit u cm bo[h leam the first ^ u tQ 

unit, the multiple antenna system can achieve high bit rates S6Cond unit u propagation coefficients and the second unit 

by having the first unit and second unit cooperatively 14 to first unit 12 propagation coefficients. For example, the 

decompose the actual communications channel into multiple units n and u ajuM transmit knQwn training signals over 

virtual sub-channels. For transmissions from the first unit to one antenna at a time and/or transmit training signa i s using 

the second unit, the first and second units obtain at least 30 orthogonal signals transmitted simultaneously over all 

respective portions of the propagation information charac- respect i ve antennas. 

terizing the transmissions from the first unit to the second For £as6 of discussion? the mu i tip i e antenna sc heme 

unit. The first and second units use at least their respective a c CO rding to the principles of the present invention is 

portions of the propagation information to decompose the discusscd with particular reference to transmissions from the 

actual communications channel into multiple virtual sub- 35 first unit u tQ the secQnd uni , 14 ]t should be understood 

channels over which communication signals are transmitted. that thc multiplc antcnna schcmc C an be applied to both 

As such, the multiple antenna communication system uni . direct ional or bi-directional communications. In this 

achieves high bit rates in a relatively simple manner without particu l ar embodiment, both units 12 and 14 perform a 

increasing total power or bandwidth by using the virtual singmar yalue decomposition (SVD ) of the 3x3 propagation 

sub-channels within the same frequency band. Additionally, 40 matdx H obtaincd b both units u and u In this particular 

the multiple antenna system provides enhanced performance embodiment, the SVD of H yields H=3>xDx^, where D is 
by transmitting more bits over the stronger sub -channels as 
determined by the propagation information. 

FIG. 1 shows a baseband representation for an actual dii o 0 

communications channel 10 over which a first unit 12 45 
transmits the RF signals corresponding to the components 
s r1 , s r2 and s r3 of an actual transmitted signal on carriers of 
the same frequency over respective multiple antennas \6a-c 

to a second unit 14. In this particular embodiment, the first and <I> and ij) + are 3x3 complex unitary matrices with the 

unit 12 has three antennas \6a-c, and the second unit 14 has 50 superscript denoting the "conjugate transpose." The 

three antennas lHa-c. The second unit 14 receives the RF columns of a unitary matrix have unit length and are 

signals at the respective receive antennas ISa-c correspond- mutually orthogonal. Multiplying a vector by a unitary 

ing to the components x tl , x a and x r3 of the actual received matrix does not change the length of the vector but merely 

signal. Each receive antenna 18«-c responds to each trans- changes the direction of the vector. The inverse of a unitary 

mit antenna 16a-c through a complex-valued, scalar propa- 55 matrix is equal to thc conjugate transpose of thc matrix, for 

gation coefficient h m „, where m designates the respective example, 0 + xO=I or for 1=1 to 3, lO-^xOy is equal to 1 

transmit antenna 16a-c and n designates the respective if i=j and is equal to 0, if i*j, where thc superscript "*" 

receive antenna 18a-c. As such, the actual received signal denotes the "complex-conjugate." 

x rl , x^ and x r3 can be characterized by the following: The second unit 14 uses the matrix i|) to multiply the 

60 received signal Xf by the 3x3 unitary matrix ip to obtain 
Ir = [ r rn r z2> r r3] =x -r >a l' • The first unit 12 uses the matrix O to 
transform the virtual transmitted signal into the actual 

x !2 =h 12 xs ll +h 22 xs (2 +h 32 xs t3 +w a transmitted signal s,. by letting the actual transmitted signal 



a 3x3 real-valued, nonnegative, diagonal matrix, 



0 d22 0 , 
0 0 ^33 



s r be equal to the conjugate transpose of the 3x3 unitary 
65 matrix <E> times the virtual transmitted signal y_ f , s^y^x^" 1 " 
where {w zl , w, 2 , w, 3 } are receiver noise added at the second where y r =[y rl , y^, y^]. The multiplications by the unitary 
unit 14. In vector notation, x=s,xH+w r where x r =[x f1 , x^, matrices are invertible operations, so there is no loss of 
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information. In effect, a link is established between the channels between the first unit 12 and the second unit 14. 

virtual transmitted signal & and the virtual received signal r„ Alternatively, the first unit 12 and/or the second unit 14 do 

where not learn the propagation matrix. Instead, the units 12 and 14 

obtain and/or determine some portion of the propagation 

r, = x t x ij/ = {.s t x h + w,) x ip 5 information, such as the diagonal matrix D, and the first unit 

= (y x & x H + w )xip 12 obtains and/or determines other propagation information, 

~* such as the unitary matrix <D + while the second unit 14 

= x$ ! xHxip + w t x\j/ obtains and/or determines the unitary matrix if 1 . 

To learn the propagation matrix (or derive the appropriate 
10 propagation information for certain embodiments) for com- 

Substituting H=<I>xDxrK in the above expression gives: mun i ca tions from the first unit 12 to the second unit 14, the 

first unit 12 can send training signals to the unit 14 from 

r, = y ; x $ f x (3> x D x ii/ f w + w t x (A which the unit 14 determines or estimates the propagation 

= y x D -i- v , where v = w x\jj matrix (or propagation information). The unit 14 can then 

15 send the propagation matrix (or propagation information) to 
the unit 12 by using a conventional communication scheme 

Thus, the original link 10 between s r and x r is equivalent to employing one or multiple antennas at the first and second 

a much simpler virtual link 20 between and r f as shown in units 12 and 14. Alternatively, the unit 14 can send the 

FIG. 2. In the actual communications channel, every one of propagation matrix (or propagation information) to the unit 

the N receiver antennas responds to every one of the M 20 12 using other communication links, such as a phone line, 

transmitter antennas. The advantage of the virtual link or Additionally, the unit 14 can simply send back to the unit 12 

channel 10 is that it comprises virtual sub-channels, wherein the training signals received from the unit 12, and the unit 

each of a plurality of virtual receiver antennas responds to 12 determines the propagation matrix (or propagation 

exactly one respective virtual transmitter antenna. In effect, information). The unit 12 then sends the propagation matrix 

the cross-coupled actual communications channel 10 of FIG. 25 (or propagation information) to the unit 14. 

1 can be treated as the three parallel, independent virtual Likewise, to learn the propagation matrix (or propagation 

sub -channels d ia , d 22 and d 33 shown in FIG. 2 according to information) for signals propagating from the unit 14 to the 

the principles of the present invention. unit 12, the unit 14 sends training signals to the unit 12 from 

The first and second units 12 and 14 can determine the which the unit 12 determines or estimates the propagation 

respective propagation information needed to establish the 30 matrix (or propagation information). Once again, as dis- 

virtual sub-channels between the first unit 12 and the second cussed for determining the propagation matrix (or propaga- 

unit 14 in alternative ways. For example, since the matrix tion information) for transmissions from the unit 12 to the 

HH + =<J>xDxD" l ~xO"'~, the first unit 12 and/or the second unit unit 14, the unit 12 can provide and/or derive different forms 

14 can determine the unitary matrix <I> + from the eigenvec- or amounts of propagation information to the unit 14 

tors of Ihe matrix HH + and the diagonal matrix D from the 35 depending on the particular embodiment and using different 

eigenvalues of HFT". Additionally, since FrH^xD^Dxil!"'", communication schemes. 

the first unit 12 and/or the second unit 14 can determine the Two-way transmissions between the unit 12 and the unit 
unitary matrix i|j from the eigenvectors of H + H and the 14 can be accomplished using a variety of schemes, such as 
diagonal matrix D from the eigenvalues of H + H. The diago- time division duplex (TDD) or frequency division duplex 
nal matrix can be determined by using the squareroots of the 40 (FDD). TDD has the advantage that the channel character- 
eigenvalues of HH + or H + H. is tics for signals propagating from the first unit 12 to the 

FIG. 3 shows an embodiment of the multiple antenna second unit 14 are generally the same as the channel 

communication system according to certain principles of the characteristics for signals propagating from the second unit 

present invention for transmissions between the first unit 12 14 to the second station 12. In the case of TDD, both units 

and the second unit 14. In this particular embodiment, the 45 12 and 14 occupy the same frequency band. As such, the 

first unit 12 is shown as transmitting, and the second unit 14 propagation matrix for transmissions from the first unit 12 to 

is shown as receiving. For transmissions in the reverse the second unit 14 are considered transposes of each other 

direction, the first unit 12 would typically include receiver due to the principle of reciprocity as described in D. S. 

components (not shown) as will be described below for the Jones, "Acoustic and Electromagnetic Waves," Oxford Uni- 

second unit 14, and the second unit 14 would typically 50 versity Press, 1989, pp. 63-64 and no further exchange of 

include transmitter components (not shown) as described training signals is required (although updates to the propa- 

below for the first unit 12. In accordance with certain gation matrix or to propagation information can be 

embodiments of the present invention, the first unit 12 uses performed). In FDD for certain embodiments, the second 

the multiple antenna array 16 for transmitting and receiving unit 14 transmits to the first unit 12 the propagation matrix 

communication signals, and the second unit 14 use the 55 (or propagation information) for transmissions from the first 

multiple antenna array 18 for transmitting and receiving unit 12 to the second unit 14. Additionally, after the appro - 

communication signals. priatc set-up or training scheme is performed for transmis- 

In this particular embodiment for transmissions from the sions from the second unit 14 to the first unit 12, the first unit 

first unit 12 to the second unit 14, the propagation of the 12 can transmit to the second unit 14 the propagation matrix 

signals over the actual communications channel 10 has a 60 (or propagation information) for transmissions from the 

baseband characterization that comprises a matrix of second unit 14 to the first unit 12. 

complex-valued (having real and imaginary parts) propaga- With particular reference to FIG. 3, since the first and 

tion coefficients between the transmitting antennas 16a-c second units 12 and 14 know the propagation matrix (or 

and the receiving antennas ISa-c. In this particular propagation information which can be derived from the 

embodiment, the first unit 12 and the second unit 14 learn the 65 propagation matrix or propagation information which can be 

values of the propagation matrix and determine the appro- used to derive the propagation matrix or other propagation 

priate propagation information to establish the virtual sub- information), the units 12 and 14 can effectively decompose 
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the complicated multiple -antenna channel 10 into multiple FIG. 4 shows a block diagram of a transmitter 40 having 

independent virtual sub-channels using the propagation the multiple antenna array 16 with three antennas 16a-c for 

matrix (or respective propagation information). In this par- use in any unit 12 or 14 according to the principles of the 

ticular embodiment, the units 12 and 14 derive the multiple present invention. For ease of discussion, the transmitter 40 

virtual sub-channels from the multiple -antenna channel 10 5 w [\\ be described as being included in the unit 12 (FIG. 3) 

by using propagation information derived from a singular because the multiple-element antenna communication sys- 

value decomposition of the propagation matrix. After learn- tem accor ding to the principles of the present invention has 

mg the propagation matrix for transmissions from the first been described in the context of transmissions from the first 

unit 12 to the second unit 14, the first unit 12 provides the ^ u (mQ 3) tQ me secQnd ^ u (mQ 3) ^ units u 

propagation matrix H to a singular value decomposition ~< ;. , , \. /« 

fi i Tt- • i ii r 10 and 14 (rlG. *>) in this particular embodiment, however, can 

block 22. The singular value decomposition 22 performs a « 4l _ , j • • 1 j. ' .i_ • • 1 

i t ,° + - e 4X. 4.- + tt both transmit and receive signals according to the principles 

singular value decomposition or the propagation matrix H . 1 . . T & 1 . , 6 . f,. 

which produces some propagation information, including of ^ P rcscnt mvcntlon - In dom § so > thc units 12 and 14 

the diagonal matrix D and two unitarv matrices <D and ip + exchange training signals to estimate the propagation matn- 

where the superscript + denotes a conjugate transpose. The ccs ( or Propagation information which can be thc actual 

number of nonzero diagonal elements in the matrix D 15 training signals in certain embodiments) for communica- 

represents the number of parallel independent virtual sub- tions between them. After learning the propagation matrix H 

channels. f° r signals propagating from the first unit 12 (FIG. 3) to the 

For transmissions from the first unit 12 to the second unit second unit 14 (FIG. 3), thc transmitter 40 provides thc 

14 in this particular embodiment, the first unit 12 provides propagation matrix H to the singular value decomposition 

the diagonal matrix D to a channel coder/modulator 24 to 20 block 22. 

encode and modulate an incoming information stream from The singular value decomposition block 22 performs a 
an information source 28. The channel coder/modulator 24 singular value decomposition of the propagation matrix H 
encodes and modulates the information stream to form a (which can be done for any H) to yield H=OxDxi|j + , where 
plurality of sub -information streams depending on the non- D is a real -valued, non-negative, diagonal matrix and <E> and 
zero values of the diagonal matrix D to produce the virtual 25 are unitary matrices. The number of nonzero diagonal 
transmitted signal. The virtual transmitted signal can be elements is less than or equal to the smaller of the number 
represented as a vector, the respective components of which of antennas 16 at the transmitter 40 and at the second unit 14 
are transmitted onto respective virtual sub-channels. In this (FIG. 3) and represents the number of parallel independent 
particular embodiment, a unitary transformation block 30 virtual sub-channels that are available within the same 
performs a unitary transformation on the virtual transmitted 30 frequency band. Additionally, the sizes of the nonzero 
signal by multiplying the virtual transmitted signal with the diagonal elements indicate the relative signal-to-noise ratios 
conjugate transpose of the unitary matrix <t>. Finally, the first of the virtual sub-channels. In accordance with an aspect of 
unit 12 uses the results of the unitary transformation 30 to the present invention, the transmitter 40 allocates power to 
produce the baseband version of the actual transmitted the virtual sub-channels depending on the relative signal- 
signal. 35 to-noise ratios of the sub-channels as determined by the 
In this particular embodiment, the second unit 14 also values of the nonzero diagonal elements of the diagonal 
provides the propagation matrix H to a singular value matrix D. Thus, the better sub-channels can get more trans- 
decomposition 32 and uses the results from the singular mitter power and carry more data. In accordance with 
value decomposition 32 to perform a unitary transformation particular embodiments of this aspect of the present 
34 on the actual received signal. In this particular 40 invention, the transmitter 40 has a total power restriction and 
embodiment, the unitary transformation block 34 multiplies generally allocates power to the different sub-channels to 
the actual received signal with the unitary matrix ip to provide a higher, reliable bit rate. In doing so, the transmitter 
produce a virtual received signal. In this particular 40 can allocate power to the different subchannels using a 
embodiment, the multiplications by the unitary matrices at version of a Water Pouring algorithm as disclosed by Robert 
the unitary transformations 30 and 34 tend not to amplify 45 G. Gallager, "Information Theory and Reliable 
noise and are invertible operations, so information should Communication," John Wiley & Sons, 1968, pp. 343-345. 
not be lost. The multiplications by the unitary matrices The transmitter 40 receives information signals from the 
establishes a link, which can be treated as parallel indepen- information source 28, and the information stream is input 
dent virtual sub-channels, between the virtual transmitted into a buffer 43. According to certain aspects of the present 
signal at the first unit 12 and the virtual received signal at the 50 invention, if all of the non-zero diagonal elements of the 
second unit 14. The second unit 14 provides the diagonal diagonal matrix D are equal or relatively similar in this 
matrix D to a channel demodulator/decoder 36 which uses particular embodiment, the channel coder/modulator 24 can 
the diagonal matrix D to decode and demodulate the virtual direct the first bit of a bit stream 42 from the buffer 43 to 
received signal vector to form a single information stream encoder/modulator 44a, the second bit of the bit stream 42 
which corresponds to thc information stream provided to thc 55 to encoder/modulator 44b, and thc third bit of thc bit stream 
channel coder/modulator 24 at the first unit 12. Additionally, 42 to encoder/modulator 44c. If the amplitude of the nonzero 
thc first unit 12 can use thc diagonal matrix D to provide diagonal value of thc matrix D corresponding to a first 
enhanced performance by sending more bits on the stronger virtual sub-channel is twice as large as the nonzero diagonal 
virtual sub-channels according to the nonzero values of the values of the matrix D corresponding to the second and third 
diagonal matrix. If the amplitude of a nonzero value of the 60 virtual sub-channels in this particular example, the channel 
matrix D is below a certain level, the multiple antenna coder/modulator 24 could send the first two bits of the bit 
system can advantageously not use the corresponding virtual stream 42 to the encoder/modulator 44a and the next two 
sub-channel, thereby a subset of the stronger virtual sub- bits of the bit stream 42 being split between the encoder/ 
channels can be used. As such, the multiple antenna system modulator 44b and the encoder/modulator 44c. To combat 
achieves higher data rates in a narrow bandwidth by effec- 65 the effects of noise, the channel coder/modulator 24 can use 
lively providing parallel independent virtual sub-channels ordinary error- correcting codes of the types typically used 
within the same frequency band and enhanced performance. for conventional additive Gaussian noise channels as would 
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be understood by one of ordinary skill in the art in combi- 18, and receiver circuits 62a-c process the signals received 

nation with conventional modulation schemes, such as from the respective antennas 18a-c down to baseband. In 

Quadrature Phase Shift Keying (QPSK) modulation. this particular embodiment, the actual received signal vector 

In this particular embodiment, the channel coder/ x t is digitized before being provided to the unitary transfor- 

modulator 24 produces three signal vector components y fi , 5 mation block 34. The unitary transformation block 34 uses 

and y t3 of the virtual transmitted signal. The components its propagation information derived from the propagation 

of the virtual transmitted signal are digital complex values matrix H to multiply the actual received signal x t by the 3x3 

which can be fixed point or floating point depending on the unitary matrix ip to obtain a virtual received signal r,=[r fl , 

implementation. The three components y tl , y r2 and y f3 of the r r2 , r r3 ]=x,xi|j. The channel demodulator/decoder 36 receives 

virtual transmitted signal from the encoder/modulators 10 the virtual received signal r t from the unitary transformation 

44a— c are provided to the unitary transformation block 30. block 34 with respective parallel components r fi , r f2 and r r3 . 

The unitary transformation block performs a 3x3 matrix The components r fl , r^ and r, 3 arc provided to respective 

multiplication on the components y rl , y^ and y r3 using a parallel demodulators/decoders 68a— c. The parallel 

unitary matrix <X> + . The result of the unitary transformation demodulators/decoders 68a— c demodulate and decode the 

30 is an actual transmitted signal having components s rl , s^ 15 virtual received signal r r according to the modulation and 

and s f3 which are sent to respective transmit circuits 48a— c coding scheme used by the transmitter 40 (FIG. 4). 

and converted as necessary to the radio frequency (RF) Using the nonzero diagonal values of the diagonal matrix 

domain. In this particular embodiment, the transmit circuitry D from the S VD block 32 and reflecting the use of the matrix 

48a-c modulates the components & n , s, 2 and s /3 of the actual D in the transmitter 40 (FIG. 4), the channel demodulator/ 

transmitted signal onto the same carrier and transmits each 20 decoder 36 constructs a single stream 70 of information bits 

component s rl , s r2 and s^ of the actual transmitted signal from the parallel components r rl , r^ and r^ of the virtual 

over a respective antenna \6a-c. received signal. As such, the diagonal matrix D used to 

FIG. 5 shows a general diagram for an embodiment of the construct the information stream 70 from the parallel 

transmit circuitry 48. In this particular embodiment, each streams 64a-c in the receiver 60 is the same matrix D used 

components s n , s, 2 and s, 3 of the virtual transmitted signal 25 to separate the single stream 42 (FIG. 4) into parallel streams 

vector is split into real and imaginary parts by block 50. The 46a-c (FIG. 4) in the transmitter 40 (FIG. 4). The informa- 

real and imaginary parts of each component s fl , s^ and s r3 tion stream 70 is then output to its destination 38 before 

are input to digital-to-analog converters 51. Multipliers 52 which the information stream 70 can pass through additional 

multiply the analog real part of each component s fl , s^ and processing or circuitry 72 which can include a data buffer. 

s r3 by cosco^t with co^ being the carrier frequency (radians/ 30 FIG. 7 shows a general diagram for an embodiment of the 

second) and multiply the analog imaginary part of each receive circuitry 62. In this particular embodiment, the 

component s rl , s^ and s f3 by sinco c t. Afterward, respective transmitted RF signals from the transmit circuitry 48 (FIG. 

real and imaginary parts of each component s rl , s^ and s r3 5) are received at the antennas 18a— c. The RF signals 

are added together by summers 53 to produce an RF signal received at each antenna 18a-c are amplified by respective 

for each component s fl , s f2 and s, 3 on the same carrier 35 p re-amplifiers 80. Multipliers 82 multiply the respective RF 

frequency oo c . Each RF signal is then amplified by respective signals by cosoj c t and sinco c t with oo c being the carrier 

RF power amplifiers 54 and transmitted over respective frequency to produce analog versions of the real and imagi- 

antennas 16a— c in this particular embodiment. Alternative nary parts of the components of the actual received signal 

embodiments for the transmit circuitry 48 are possible. which were modulated onto carriers of the same frequency 

FIG. 6 shows a block diagram of a receiver 60 having the 40 co c . The analog versions of the real and imaginary parts for 

multiple antenna array 18 with three antennas 18a-c for use each component of the actual received signal are low pass 

in any unit 12 or 14 (FIG. 3) according to the principles of filtered by filters 83 and provided to analog-to -digital con- 

the present invention. For ease of discussion, the receiver 60 verters 84 to produce digital versions of the real and imagi- 

will be described as being included in the second unit 14 nary parts of each component. Combiner 86 combine the 

(FIG. 3) because the multiple -element antenna communica- 45 real and imaginary parts of each component to produce the 

tion system according to the principles of the present inven- components x fl , x r2 and x f3 of the actual received signal as 

tion has been described in the context of transmissions from complex digital values. In this particular embodiment as 

the first unit 12 (FIG. 3) to the second unit 14 (FIG. 3). As described above, the components x tl , x r2 and x r3 of the actual 

mentioned above, the units 12 and 14 (FIG. 3) in this received signal are provided to the unitary transformation 

particular embodiment can both transmit and receive signals 50 block 34 (FIG. 6). The receive circuitry 62 is shown as a 

according to the principles of the present invention. homodyne receiver, but alternative embodiments for the 

As described above for this particular embodiment, the receive circuitry 62 are possible, 

receiver 60 receives training signals from the transmitter 40 In accordance with certain embodiments of the present 

(FIG. 4) and estimates the propagation matrix H for com- invention, the multiple antenna system updates the propa- 

munications from the transmitter 40 (FIG. 4) to the receiver 55 gation matrix or information periodically or continuously as 

60. After learning the propagation matrix H for signals operating conditions change. As such, if an antenna 16 (FIG. 

propagating from the transmitter 40 (FIG. 4) to the receiver 4) or 18 becomes unavailable, the multiple antenna system 

60, the receiver 60 provides the propagation matrix H to the can update the propagation matrix(ices) or information at the 

singular value decomposition block 32. As in the transmitter two units 12 and 14, thereby maintaining the communica- 

40 (FIG. 4), the singular value decomposition block 32 60 tions between the units 12 and 14 and still providing a high 

performs a singular value decomposition of the propagation bit rate. Additionally, depending on the conditions of the 

matrix H to yield H=<DxDxi|) + , where D is a real-valued, virtual sub-channels (which can be measured by the nonzero 

no n- negative, diagonal matrix and <E> and ip + are 3x3 com- diagonal values of the diagonal matrix D), the bit rate 

plex unitary matrices with the superscript denoting the between the two units 12 and 14 using the multiple antenna 

"conjugate transpose." 65 system is scaleable. Accordingly, if the signal-to-noise ratio, 

The receiver 60 receives the signals propagating from the virtual sub-channel gain or other measurement value for a 

transmitter 40 (FIG. 4) through the multiple antenna array virtual sub-channel drops below a certain threshold level 
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and/or a relative level compared to the other sub-channels, 
the multiple antenna system can either reduce the number of 
bits transmitted over the virtual sub -channel or drop the 
virtual sub-channel, thereby reducing the bit rate, until 
updates of the propagation matrix or information show that 5 
the virtual sub -channel has risen above the threshold level 
and/or the relative level. Furthermore, in similar fashion, the 
multiple antenna system according to certain principles of 
the present invention can allocate power to the different 
virtual sub-channels based on the conditions of the different 10 
virtual sub-channels as determined by the nonzero values of 
the diagonal matrix D or other measurement values corre- 
sponding to the virtual sub-channels. 

The multiple antenna system enables an increase in bit 
rate without an increase in power or bandwidth as compared 15 
to single antenna systems. In certain embodiments, the 
propagation of the signals is modeled as flat fading (no 
frequency dependence to fading). Additionally, in the event 
of receiver noise and external interference, the multiple 
antenna system can use a covariance matrix or the like which 20 
characterizes the receiver noise and/or the external interfer- 
ence to effectively alter the propagation information or to 
include the covariance matrix or the like as part of the 
propagation information. If the elements of the propagation 
matrix H are statistically independent, identically 25 
distributed, with Rayleigh -distributed magnitude and uni- 
formly distributed phase, the capacity of the channel grows 
linearly with the smaller of the number of transmitter and 
receiver antennas. Theoretically, there is no limit to the 
number of antennas that can be utilized in the multiple 30 
antenna system, thereby providing the potential for enor- 
mous capacities in a narrow bandwidth. For example, if 170 
antennas are used at the transmitter and the receiver in a 30 
kHz bandwidth with signal-to -noise ratios of 20 dE, 20 Mb/s 
of High Definition TV (HDTV) may be sent over the 35 
multiple antenna channel after being decomposed to 170 
virtual sub-channels according to the principles of the 
present invention. 

The multiple -element antenna system according to the 
principles of the present invention can achieve such high bit 40 
rates in the narrow bandwidth and in a simple manner by 
using multiple antennas at both the transmitter and receiver 
to decompose the multiple antenna channel into multiple 
independent virtual sub -channels. A pair of units using the 
multiple antenna system use a distinct band of frequencies 45 
for communicating with each other over the multiple- 
antenna channel. Thus, different pairs of units can be fre- 
quency division multiplexed. A pair of units can take a 
variety of forms, such as units which can handle voice 
and/or data in a wireless local area network. Additionally, 50 
the multiple antenna system can provide security in com- 
munications between a pair of units because the propagation 
information characterizing the actual communications chan- 
nel between the pair of units is unique to that pair. As such, 
even if a third party obtained the propagation information 55 
for the pair, it would be difficult for the third party to 
intercept the communications between the pair because the 
propagation information for an actual communications 
channels between the third party and each of the pair of units 
would be different. 60 

In addition to the embodiments described above, alterna- 
tive configurations of the multiple antenna system according 
to the principles of the present invention are possible which 
omit and/or add components and/or use variations or por- 
tions of the described multiple antenna system. For example, 65 
the multiple antenna system has been described with three 
antennas at both the first unit and the second unit to provide 



three virtual sub-channels, but different numbers of antennas 
can be employed at the first unit and the second unit. 
Additionally, the multiple antenna system has been 
described as being employed in terms of communications 
over a multiple antenna channel from the first unit to the 
second unit. The multiple antenna system, however, includes 
units which transmit and/or receive according to the prin- 
ciples of the present invention. In certain embodiments, the 
units use the same multiple antennas for both transmission 
and reception. Alternative embodiments of units employing 
the multiple antenna system are possible, however, which 
use a subset of the multiple antennas for transmission and/or 
reception depending on the number of antennas at the unit on 
the other end of the multiple antenna channel or upon the 
values of the diagonal matrix in the reverse direction. 

The above -de scribed multiple antenna system has been 
described as comprising several components or blocks, but 
it should be understood that the multiple antenna system and 
portions thereof can be implemented in application specific 
integrated circuits, software -driven processing circuitry, or 
other arrangements of discrete components as would be 
understood by one of ordinary skill in the art with the benefit 
of this disclosure. What has been described is merely 
illustrative of the application of the principles of the present 
invention. Those skilled in the art will readily recognize that 
these and various other modifications, arrangements and 
methods can be made to the present invention without 
strictly following the exemplary applications illustrated and 
described herein and without departing from the spirit and 
scope of the present invention. 

We claim: 

1. A method for transmitting communication signals, said 
method comprising: 

sending by a first unit a virtual transmitted signal over at 
least a subset of virtual sub-channels of an actual 
communications channel using at least a portion of 
propagation information characterizing said actual 
communications channel between M transmitter anten- 
nas of said first unit and N receiver antennas of a 
second unit, where M or N>1. 

2. The method of claim 1 further comprising: 
transmitting by said first unit training signals to said 

second unit; and 
obtaining said at least a portion of said propagation 
information by said first unit from said second unit. 

3. The method of claim 1 further comprising: 
transmitting by said first unit training signals to said 

second unit; and 
obtaining by said first unit training signals as received at 
said second unit for determining said at least a portion 
of said propagation information. 

4. The method of claim 1 wherein said sending further 
including: 

transforming said virtual transmitted signal into an actual 

transmitted signal using said at least a portion of said 

propagation information; and 
transmitting said actual transmitted signal over said M 

transmitter antennas onto said actual communications 

channel. 

5. The method of claim 4 wherein said transmitting 
further including: 

transmitting each component of said actual transmitted 
signal using a respective one of said M transmitter 
antennas. 

6. The method of claim 4 further including: 
producing a unitary matrix from said at least a portion of 

said propagation information. 
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7. The method of claim 6 wherein said producing further 18. The method of claim 16 further comprising: 
includes: receiving by said second unit training signals from said 

performing a singular value decomposition of a propaga- first unit; and 

tion matrix H which characterizes said actual commu- sending training signals as received by said second unit to 

nications channel. 5 said first unit; 

8. The method of claim 6 wherein said producing further , , . . , . , c . . « . , . c 
includin • determining by said first unit said at least a portion of said 
inc u ing. propagation information using said training signals as 

using eigenvectors of a matrix derived from a propagation received by said second unit; and 

matrix H which characterizes said actual communica- ,. , . + . c . - . - 

tions channel 10 sen dmg said at least a portion of said propagation mfor- 

n m i_ i ' r i • *r r ,i_ • i i- mation by said first unit to said second unit. 

9. The method oi claim 6 iurther including: in ' - f , . 1<r u . + . . 

& 19. The method of claim 16 wherein said retrieving 

using said unitary matrix to perform a unitary transfer- further including* 
mation of said virtual transmitted signal into said actual 
transmitted signal; and 

transmitting each component of said actual transmitted 

signal onto carriers having the same frequency. transforming said actual received signal into said virtual 

10. The method of claim 1 further including: received signal using said at least a portion of said 

. ... . ,. propagation information, 

receiving by the first unit an information stream from an 2Q The method rf ckim „ wherein said retrievi 

in I f irm •liir \n t \i it-/ • 'in/ 



receiving an actual received signal from said actual com- 
15 munications channel on said N receiver antennas; and 



information source; and 2 o 



further including: 



separating said information stream into a plurality of . . , * -j * i • j ■ i 

. , A . , . A . c -j receiving each component ol said actual received signal 

signal streams using at least a portion of said propa- . & t . * r XT . to 

°. . r °, £ . j . , , , vf j using a respective one or said IN receiver antennas. 



21. The method of claim 19 further including: 



gation information to form said virtual transmitted 
signal. 

11. The method of claim 10 further including: 2 5 Policing a umtary matri * from said at least a P ortio " of 
producing a diagonal matrix D from at least said portion said propagation information. 

of said propagation information with the nonzero *2. The method of claim 21 wherein sa ld producing 

diagonal values corresponding to said virtual sub- r er inc u es ' 

channels of said actual communications channel. performing a singular value decomposition of a propaga- 

12. The method of claim 11 wherein said producing 30 lion matrix H which characterizes said actual commu- 
further includes: nications channel. 



performing a singular value decomposition of a propaga- 



23. The method of claim 21 wherein said producing 

tion matrix H which characterizes said actual commu- r er inc u in ^' 

nications channel using eigenvectors of a matrix derived from a propagation 

13. The method of claim 12 wherein said producing 35 matrix H which characterizes said actual communica- 
further including: tions channel. 

using squareroots of eigenvalues of a matrix derived from 24 The method of claim 21 further deluding: 

a propagation matrix H which characterizes said actual receiving each component of said actual received signal 

communications channel. from carriers having the same frequency; and 

14. The method of claim 10 wherein said separating 40 using said unitary matrix to perform a unitary transfor- 
furthcr including: mation of said actual received signal into said virtual 

using values of a diagonal matrix D from at least said received signal. 

portion of said propagation information to separate said 25 - Tne method of claim 16 further including: 

information stream into a plurality of signal streams combining components of said virtual received signal to 

according to said values of said diagonal matrix D. 4 provide an information stream using at least a portion 

15. The method of claim 14 further including: of said propagation information. 

using said values of said diagonal matrix D to allocate 26 - The method of claim 25 wherein said combining 

power for transmitting each component of said virtual further including: 

transmitted signal. 50 producing a diagonal matrix D from at least said portion 

16. A method of receiving communication signals, said of said propagation information. 

method comprising: 27. The method of claim 26 wherein said producing 

retrieving by said second unit a virtual received signal further includes: 

from at least a subset of virtual sub-channels of an performing a singular value decomposition of a propaga- 

actual communications channel using at least a portion 55 tion matrix H which characterizes said actual commu - 

of propagation information characterizing said actual nications channel. 

communications channel between M transmitter anten- 28. The method of claim 26 wherein said producing 

nas of a first unit and N receiver antennas of said further including: 

second unit, where M or N>1 and said first unit using squareroots of eigenvalues of a matrix derived from 

includes at least a portion of said propagation informa- 60 a propagation matrix II which characterizes said actual 

tion. communications channel. 

17. The method of claim 16 further comprising: 29. The method of claim 25 wherein said combining 
receiving by said second unit training signals from said further including: 

first unit; and using values of a diagonal matrix D from at least said 

determining said at least a portion of said propagation 65 portion of said propagation information to combine 

information by said second unit using said training said virtual received signal into an information stream 

signals received by said second unit. according to said values of said diagonal matrix D. 
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30. A method of communicating over an actual commu- signal, said processing circuitry comprising a channel 

nications channel, said method comprising: decoder configured to receive said virtual received 

creating virtual sub-channels from said actual communi- si g nal and at least another portion of said propagation 

cations channel between M transmitter antennas of a information, said channel decoder further configured to 

first unit and N receiver antennas of a second unit, 5 combine said virtual received signal into an informa- 

where M or N>1, by using at said first unit and said tion stream using said at least another portion of said 

second unit propagation information characterizing propagation information. 

said actual communications channel; 33. A method for transmitting communication signals on 

sending by said first unit a virtual transmitted signal over an actual communications channel between M transmitter 

at least a subset of said virtual sub-channels using at 10 antennas of * ■ first ™* and * rec u ei ^ r antennas of a second 

least a portion of said propagation information; and umt > where or N>1 ' said method comprising: 

. . . . .j j , • j • 1 producing by said first unit using at least a portion of 

retrieving by said second unit a virtual received signal 1 . , . , 

r -j . i 4 u * c • i • j i ill propagation information characterizing said actual 

from said at least a subset of said virtual sub -channels FKfe .. , , , 6 . , . , „ 

using at least another portion of said propagation „ communications channel an actual transmttted signal of 

information components for transmission over said actual commu- 

31 'Transmitter for transmitting information signals ™ caIi " ns ctlan " el t0 . saidsec ™ d unit for transformation 

by said second unit using at least a portion of said 

comprising: J . „ . & r 

propagation information. 

a plurality of antennas; 34 A method of receiving communication signals from an 

processing circuitry configured to obtain propagation 20 actual communications channel between M transmitter 

information for an actual communications channel antennas of a first unit and N receiver antennas of a second 

between said plurality of antennas and a plurality of un it, where M or N>1, said method comprising: 

receiver antennas, said processing circuitry comprising transforming by said second unit using at least a portion 

a channel coder configured to receive an information of pr0 pagation information characterizing said actual 

signal stream and at least a portion of said propagation 25 communications channel a plurality of components of 

information, said channel coder further configured to an actual received signal reC eived from said actual 

separate said information signal stream using said at communications channel from said first unit after being 

least a portion of said propagation information to form produced at said first unit using at least a portion of said 

a virtual transmitted signal of components correspond- propagation information 

ing to sub-channels of said communications channel, 30 35 A method for transmitt i ng communication signals, 

said processing circuitry further configured to perform sa ^ d m ethod comprising* 

a transformation on said virtual transmitted signal using • . , u u * r , * 

1 t r . , • • r • creating virtual sub-channels from an actual communica- 

at least another portion of said propagation information (ions channd hetween M transmiIter antemas of a first 

to form an actual transmitted signal; and ^ ^ N receiyer rf a second ^ where M 
transmit circuitry coupled to said plurality of antennas and 35 or N>1 , hy using at said first unit and said second unit 
configured to transmit each component of said actual at least port i ons 0 f sa id propagation information char- 
transmitted signal through a respective one of said acterizing said actual communications channel; and 
plurality of antennas on carriers of the same frequency. s£ndi b ^ firs( ^ a virtua , transmitted si { 0V6r 
32. A receiver for receiving information signals compns- ^ &t ^ a subs£t rf sald vlrtual sub . channels uslng „ 

in ^' least a portion of said propagation information. 

a plurality of antennas; 36. A method of receiving communication signals, said 

receive circuitry coupled to said plurality of antennas and method comprising: 

configured to receive each component of an actual creating virtual sub-channels from an actual communica- 

received signal through a respective one of said plu- 45 tions channel between M transmitter antennas of a first 

rality of antennas; and unit and N receiver antennas of a second unit, where M 

processing circuitry configured to obtain propagation or N>1, by using at said first unit and said second unit 
information for a communications channel between at least portions of said propagation information char- 
said plurality of antennas and a plurality of transmitter acterizing said actual communications channel; and 
antennas at a transmitter having at least a portion of 50 retrieving by said second unit a virtual received signal 
said propagation information, said processing circuitry from at least a subset of said virtual sub-channels using 
further configured to perform a transformation on said at least a portion of said propagation information, 
actual received signal using at least a portion of said 

propagation information to form a virtual received ***** 
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Stand-alone Dedicated Control 
Channels (SDCCH) within a mobile 
telecommunications network serving a 
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particular geographic area monitoring 
the broadcast channel then receives 
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a mobile service request with a lower 
priority level than the indicated status 
level is queued by the associated mobile 
station and delayed until the channel 
utilization level rescinds to a network 
acceptable level. 
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OPTIMAL USE OF LOGICAL CHANNELS WITHIN A MOBILE 
TELECOMMUNICATIONS NETWORK 

BACKGROUND OF THE INVENTION 
5 Technical Field of the Invention 

The present invention relates to a telecommunications 
network and, in particular, to the efficient management 
of channel resources within a digital mobile 
communications network. 

10 Description of Related Art 

The general name of the connection between a 
particular mobile station traveling within a particular 
cell area and the base transceiver station (BTS) providing 
radio coverage for that particular cell area is the "radio 

15 interface" or "air interface". Historically, the 

communications of information across the air interface 
between a base transceiver station (BTS) and a mobile 
station has employed, so-called, analog modulation 
techniques. For example, Frequency Division Multiple 

20 Access (FDMA) technology has been widely utilized to 
assign each mobile station to one of a plurality of the 
frequency channels associated with the current cell area 
to communicate with the serving BTS. More recently, 
however, digital modulation techniques have been used in 

25 order to enhance the spectrum efficiency with which the 
bandwidth allotted to mobile communications is used. As 
an illustration, the two techniques of time division 
multiple access (TDMA) and code division multiple access 
(CDMA) have been utilized to allow communications to 

30 proceed between a BTS and a plurality of different mobile 
stations on a relatively limited amount of radio frequency 
bandwidth. The Global System for Mobile (GSM) 

communications system, for example, utilizes the TDMA 
concept with the allocation of one TDMA frame per carrier 

35 frequency channel to communicate between a mobile station 
and a BTS. Each frame is further subdivided into eight 
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time-slots (TS) . Each time-slot of a TDMA frame on a 
single frequency channel is referred to as a physical 
channel. Accordingly, there are eight physical channels 
per carrier in the GSM system. Each physical channel of 
5 the GSM system can be compared with one single channel in 
an FDMA-system, where every user is connected to the 
system via one of the associated frequencies. 

The implementation of TDMA technology requires that 
a great quantity and variety of information must be 

10 transmitted between the serving BTS and the mobile station 
over the limited physical channels. For example, control 
data, service request data, actual traffic data, 
supplementary data, etc., have to be communicated over the 
physical channels. As a result, in order to distinguish 

15 one type of data from another, different logical channels 
have been named and mapped (assigned) on to the available 
physical channels. For example, actual speech is sent on 
the logical channel named "traffic channel (TCH) " 
occupying one or more physical channels . Paging of a 

20 called party mobile station is performed over the logical 
"paging channel (PCH)" while synchronization of a mobile 
station with a serving BTS is performed over the logical 
"synchronization channel (SCH)" which occupies one of the 
physical channels. Accordingly, depending on the type of 

25 information being transmitted, different logical channels 
are utilized. Needless to say, if more physical channels 
are assigned to a particular logical channel , a lesser 
number of physical channels are available for the rest of 
the logical channels . 

30 Because of the limited physical channel resources, 

mobile service providers are often faced with channel 
resource management and dimensioning problems. One such 
problem includes effectively managing Stand-alone 
Dedicated Control Channels (SDCCH) within a serving mobile 

35 network. Because of the fact that congestion in SDCCH 
logical channels results in lost calls and unsuccessful 
call setups, the efficient management of SDCCH logical 
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channels is critical for providing reliable mobile service 
to mobile stations traveling within the serving coverage 
area. 

SDCCH logical channels are not only utilized for 
5 setting up call connections, but also for performing 
location updates for traveling mobile stations and for 
communicating packet messages containing text or graphic 
data between the serving mobile network and associated 
mobile stations. Conventionally, all of the above 

10 mentioned functionalities are provided the same priority 
and allowed equal access to available SDCCH channel 
resources. As a result, all of the available SDCCH 
channel resources could be occupied by Short Message 
Service (SMS) or Unstructured Supplementary Service Data 

15 (USSD) messages transporting text messages and could, as 

a result, prevent speech connections from being 
established between mobile stations and a serving mobile 
network. However, even though the support of all of the 
above mentioned functionalities is important for providing 

20 reliable and comprehensive mobile service to associated 
mobile stations, establishing call connections is by far 
the most important role performed by the mobile network. 

Accordingly, there is a need for a mechanism to 
prioritize mobile services within a serving mobile network 

25 to better utilize available SDCCH logical channels. 

SUMMARY OF THE INVENTION 

The present invention discloses a method and 
apparatus for optimizing the utilization of Stand-alone 

30 Dedicated Control Channels (SDCCH) within a mobile 
telecommunications network for high priority mobile 
services. The level of utilization of SDCCH logical 
channels is maintained within a particular base station 
controller (BSC) serving a particular geographic area . 

35 After determining that such a level has exceeded a 
threshold value imposed by the serving telecommunications 
network, the BSC transmits data over a Broadcast Control 
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Channel informing associated mobile stations traveling 
within its coverage area of such a determination. 
Thereafter, mobile stations wanting to request low 
priority mobile services are instructed to delay 
5 requesting one of the available SDCCH logical channels 

until the utilization level falls below the imposed 
threshold level. As a result, available SDCCH logical 
channels remain available for high priority mobile 
services within a congested mobile telecommunications 
10 network. 

BRIEF DESCRIPTION OF THE DRAWINGS 

A more complete understanding of the method and 
apparatus of the present invention may be had by reference 
15 to the following detailed description when taken in 
conjunction with the accompanying drawings wherein: 

FIGURE 1 is a block diagram of a mobile 
telecommunications network illustrating a mobile station 
communicating with a serving base transceiver station 
20 (BTS) ; 

FIGURE 2 is a block diagram of physical channels 
allocated in accordance with the Time Division Multiple 
Access (TDMA) technology; 

FIGURE 3 is a block diagram of different logical 
25 channels within a TDMA physical frame in accordance with 

the Global System for Mobile (GSM) standard; 

FIGURE 4 is a signal sequence diagram illustrating 
the communication of different messages for originating 
an outgoing call connection; 
30 FIGURE 5 is a block diagram of a serving mobile 

network transmitting Stand-alone Dedicated Control Channel 
(SDCCH) status information to a mobile station in 
accordance with the teachings of the present invention; 
and 

35 FIGURE 6 is a flow-chart illustrating the steps 

performed by a mobile station to request mobile service 
towards a serving mobile network. 
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DE TAILED DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a Public Land Mobile 
Network (PLMN) 10 illustrating a mobile station 2 0 
communicating with a serving base transceiver station 
5 (BTS) 30. A geographic area associated with a particular 

Public Land Mobile Network (PLMN) 10 is partitioned into 
a number of smaller areas. Whenever a mobile station 20 
travels into one of those smaller areas known as a 
"location area", the mobile station performs a location 

10 update with the serving PLMN. Such a location update 
informs the associated mobile switching center / visitor 
location register (MSC/VLR) 50 of the mobile station's 
presence. In case the mobile station 20 is an 
unregistered subscriber, a home location register (HLR) 

15 60 associated with the newly registering mobile station 
2 0 is identified and necessary communication is 
facilitated between the serving MSC/VLR 50 and the HLR 6 0 
to authenticate the new mobile station 20. Requisite 
subscriber information related to the newly registering 

20 mobile station 20 is further requested and retrieved from 
the associated HLR 6 0 and stored at the serving MSC/VLR 
50. Thereafter, the mobile station 20 is allowed to 
access mobile service within the serving MSC/VLR 50 
coverage area . 

25 Whenever an incoming call connection is requested 

towards the mobile station 20, a call setup signal, such 
as an Integrated Service Digital Network User Part (ISUP) 
based Initial Address Message ( I AM) is received by a 
gateway mobile switching center (GMSC) 80 associated with 

30 the HLR 60. After performing HLR interrogation to 

ascertain the current location of the mobile station 20, 
the received incoming call setup signal is rerouted by the 
GMSC 80 to the MSC/VLR 50 currently serving the mobile 
station 20. The MSC/VLR 50 then determines the current 

35 location area of the mobile station 20 and instructs the 
appropriate base station controller (BSC) 40 to page the 
mobile station 20. The BTS 3 0 then pages the mobile 
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station to alert the mobile station of an incoming call. 
As soon as the mobile station detects the paging message, 
the mobile station 2 0 sends a request for a signaling 
channel to the BSC 40. After allocating an idle signaling 
5 channel to the mobile station 20, the BSC 4 0 sends a 
message instructing the mobile station 20 to switch to 
that particular signaling channel. After communicating 
necessary control and service related data over the newly 
allocated signaling channel, a speech channel is 
10 subsequently seized and a call connection between the 
mobile station 20 and the BSC 40 is established via the 
BTS 30. 

Initially, the communication interface 90 between the 
serving BTS 3 0 and the mobile station 2 0 employed so 

15 called analog modulation techniques. However, with the 
recent developments of digital communication technology, 
digital modulation techniques are being used to enhance 
the efficiency and capacity of data communications within 
a mobile telecommunications network. As an illustration, 

20 the techniques of time division multiple access (TDMA) or 
code division multiple access (CDMA) are being used to 
allow multiple communications to proceed on a relatively 
limited amount of radio frequencies. Global System for 
Mobile (GSM) based telecommunications networks, for 

25 example, utilize the TMDA technology with one TDMA frame 
per carrier frequency to communicate between a mobile 
station and a BTS. 

Reference is now made to FIG. 2 depicting a 
diagrammatic representation of time- frame structures 

30 within the GSM standard. The longest recurrent time 
period of the structure is called a hyperframe 10 0 and has 
the duration of 3 hours 28 minutes 53 seconds 760 ms. One 
hyperframe 100 is divided into 2048 superframes 105, each 
having a duration of 6.12 seconds. The superframe 105 is 

35 itself sub-divided into a number of multiframes. Two 
types of multiframes exist in the GSM standard. First, 
there is a fifty- one (51) frame mult if rame 110 with a 
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duration of 120 iris, comprising twenty-six (26) TDMA frames 
130. Next, there is a twenty-six (26) frame multiframe 
120 with a duration 235,4 ms, comprising fifty-one (51) 
TDMA frames 14 0 . Lastly, each TDMA frame within a 
5 multiframe has eight time slots 150. Each of these eight 
physical time slots is equivalent to one Frequency 
Division Multiple Access (TMDA) channel serving a single 
mobile station. 

A great quantity and variety of information must be 

10 transferred between the BTS and the mobile station. For 
example, paging to inform the mobile station of an 
incoming call has to be performed over one of the time 
slots . A request for mobile service further needs to be 
communicated over one of the time slots. Furthermore, the 

15 actual voice data must be communicated over the available 
time slots. Therefore, in order to distinguish one type 
of information over another, different logical channels 
have been introduced and assigned to each of the eight 
physical time slots. 

20 Reference is now made to FIG. 3 illustrating 

different logical channels within the GSM standard which 
can be separated into two broad categories: traffic 
channels (TCH) 160 and signaling channels 170. Traffic 
channels (TCH) 169 are utilized by the serving BSC to 

25 communicate call data (e.g., voice data) with a particular 
mobile station traveling within its coverage area. On the 
other hand, signaling channels 170 are utilized by the 
serving BSC and BTS to communicate other control data 
necessary to implement the communication of call data with 

30 the mobile station. 

Signaling channels are further subdivided into three 
categories: broadcast control channels 270, common control 
channels 280, and dedicated control channels 280. Each 
of the above three categories are then still further sub- 

35 divided into a number of logical channels for transporting 
different types of information between the serving BTS and 
the mobile station. 
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Broadcast control channels 270 are mainly utilized 
for communicating information from the serving BTS to a 
particular mobile station traveling within its coverage 
area (down-link) and include the Frequency Correction 
5 Channel (FCCH) 180, Synchronization Channel {SCR) 190, and 
Broadcast Control Channel (BCCH) 200 . The Frequency 
Correction Channel (FCCH) 180 carries information for 
frequency correction of the mobile station. The 
Synchronization Channel (SCH) 190 carries information for 

10 frame synchronization of the mobile station and 
identification of the BTS. Lastly, the Broadcast Control 
Channel (BCCH) 200 is used to broadcast general system 
information about the cell to all mobile stations located 
within its location area. For example, the broadcast 

15 system information includes data about the network that 
the mobile station needs to be able to communicate with 
the network in an appropriate manner. Such information 
includes cell description, location area identity, 
neighbor cell description, etc. 

20 Common control channels 28 0 include the Paging 

Channel (PCH) 210, Random Access Channel (RACH) 22 0, and 
Access Grant Channel (AGCH) 230. The Paging Channel (PCH) 
210 is used on the downlink to page a mobile station. For 
example, when an incoming call setup request is received 

25 by the serving MSC/VLR, the appropriate BSC currently 
serving the mobile station is instructed to page the 
specified mobile station over a PCH. The Random Access 
Channel (RACH) 220 , on the other hand, is used by the 
mobile station to request allocation of a Stand-alone 

30 Dedicated Control Channel (SDCCH) 240 to the BSC. For 
example, upon detecting the paging message informing the 
mobile station of an incoming call, the called party 
mobile station requests a SDCCH from the serving BSC over 
a RACH. After allocating an idle SDCCH, the BSC utilizes 

35 an Access Grant Channel (AGCH) 23 0 to communicate the 
identity of the allocated SDCCH to the requesting mobile 
station. 
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Dedicated control channels 290 include the Stand- 
alone Dedicated Control Channel (SDCCH) 240, Slow 
Associated Control Channel (SACCH) 250, and the Fast 
Associated Control Channel (FACCH) 260. The Stand-alone 
5 Dedicated Control Channel (SDCCH) 240 is used for 
signaling with a dedicated mobile station. Accordingly, 
the SDCCH 24 0 is the channel used for performing location 
update procedures whenever a mobile station enters a new 
location area. The SDCCH is also utilized to initiate a 

10 call setup and to seize a TCH. Furthermore, SDCCH logical 
channels are utilized by the serving mobile network to 
communicate Unstructured data, such as Short Message 
Service (SMS) or Unstructured Supplementary Service Data 
(USSD) messages with associated mobile stations. The Slow 

15 Associated Control Channel (SACCH) 250 is associated with 
a TCH 160 or an SDCCH 240. The SACCH 250 is a continuous 
data channel carrying continuous control information, such 
as measurement reports, timing advance and power order, 
between the serving BSC and the mobile station. Lastly, 

20 the Fast Associated Control Channel (FACCH) 260 is 
associated with a particular TCH to work in burst stealing 
mode to replace speech or data traffic with other 
necessary signaling . 

As illustrated above, with nine different types of 

25 logical signaling channels and one logical traffic channel 
occupying the limited physical channels, the eight time 
slots within a TDMA frame need to be managed efficiently 
and effectively to provide reliable mobile service to 
mobile stations traveling within a particular BSC coverage 

30 area. Since logical channel assignments to physical 
channels can not be changed dynamically as demands for 
each logical channel changes within a serving network, 
determining the appropriate number of physical time slots 
to be assigned to each of the logical channels is crucial. 

35 Especially since congestion in the two of the most 
frequently utilized logical channels (SDCCH and TCH) 
results in failed call connection and lost calls. 
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Therefore, even after allocating an appropriate number of 
physical channels to each logical channel, efficient 
management of channel resources is further necessary to 
maximize the potential utilization of available logical 
5 channels. 

FIG. 4 is a signal sequence diagram illustrating a 
normal call setup procedure in accordance with the GSM 
standard. Whenever a mobile station 20 requests mobile 
service towards the serving mobile switching center (MSC) 

10 50, either for originating an outgoing call connection or 
for receiving an incoming call connection, the mobile 
station 20 transmits a channel request message over a 
Random Access Channel (RACH) towards the connected BSC 40. 
After communicating with the associated MSC 50, an 

15 available SDCCH channel is allocated. The serving BSC 4 0 
then transmits an Immediate Assignment Command message 310 
to the serving BTS 30 (not shown in FIG. 4) to assign the 
allocated SDCCH to the requesting mobile station 20. The 
Immediate Assignment message 310 is further transmitted 

20 to the requesting mobile station 20 to instruct the mobile 
station 2 0 to switch to the assigned SDCCH. Utilizing the 
assigned SDCCH logical channel, the mobile station 20 
requests mobile service from the serving MSC 50 by 
transmitting a Ciphering Mode Service Request (CM Serv. 

25 Req.) message 320. The serving BSC 40 then sets up an 
Signaling Connection Control Part (SCCP) connection with 
the MSC 50 by transmitting a SCCP - Connection Request 
(CR) message 330. The received CM-SERV. REQ. message 320 
may further be "piggy-backed" to the transmitted SCCP-CR 

30 message 33 0. The serving MSC 50 is then aware of the 
mobile station's request for mobile service. As a result, 
the MSC 50 attempts to authenticate the mobile station 20 
by transmitting an Authentication Request message 350 to 
the mobile station 20 transparently through the connected 

35 BSC 40 and over the assigned SDCCH logical channel. The 
mobile station 20, in response, attempts to comply with 
the authentication process by returning an Authentication 
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Response message 360 to the serving MSC 50. If the 
authentication procedure is successfully performed, the 
ciphering mode setting procedure may be initiated by the 
serving MSC 50. Accordingly, the serving MSC 50 sends a 
5 Ciphering Mode Command (not shown in FIG. 4) to BSC 40. 
The BSC 40, in turn, transmits a Ciphering Mode Command 
message 370 including a cipher key to the mobile station 
20 over the assigned SDCCH logical channel. The provided 
cipher key is then later utilized by the serving BTS and 

10 the mobile station to cipher and decipher digital data 
transmitted over the radio interface. After storing the 
received cipher key, the mobile station 20 returns a 
Ciphering Mode Complete message 38 0 to the serving BSC 4 0 
over the assigned SDCCH logical channel. The received 

15 Ciphering Mode Complete message 390 is then transmitted 
to the serving MSC 50. Furthermore, in order to guarantee 
the mobile subscriber's confidentiality, instead of 
identifying the mobile station with its permanently 
assigned International Mobile Subscriber Identity (IMSI) 

20 number, a Temporary Mobile Subscriber Identity (TMSI) 
number is further assigned by the serving MSC 50. The 
assigned TMSI number is then included in a TMSI 
Reallocation Command message 400 and transmitted to the 
mobile station 20 over the assigned SDCCH logical channel. 

25 The mobile station 20 then confirms the receipt of the 
assigned TMSI number by transmitting a TMSI Reallocation 
Complete message 410 over the assigned SDCCH logical 
channel back to the serving MSC 50. The mobile station 
2 0 is now prepared to originate an outgoing call 

30 connection and transmits a Call Setup message 420 towards 
the serving MSC 50. The transmitted Setup message 420, 
for example, includes the directory number associated with 
the intended called party subscriber. The serving MSC 50 
then acknowledges the call setup signal by transmitting 

35 a Call Confirmation message 430 back to the requesting 
mobile station 20 over the assigned SDCCH logical channel. 
The BSC 40 then selects an idle traffic channel (TCH) and 
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instructs the mobile station 2 0 to tune to the newly 
allocated TCH logical channel by transmitting an 
Assignment Command message 44 0 over the SDCCH logical 
channel. As an acknowledgment, the mobile station 20 
5 returns an Assignment Complete message 450 back to the 
serving MSC 50 indicating that the traffic channel is up 
and running. The BSC then releases the no-longer-needed 
SDCCH logical channel. An Alert message 460 is then 
transmitted from the serving BSC 4 0 to the mobile station 

10 20 informing the mobile station that a ringing tone has 
been generated by the serving MSC 50. Thereafter, a 
Connect signal 470 is transmitted from the mobile station 
20 to the serving MSC 50 . The serving MSC 50 then 
acknowledges the connect signal by returning a Connect 

15 Acknowledgment message 480 to the requesting mobile 
station 20. Thereinafter, speech connection is 

established over the newly allocated TCH logical channel 
allowing the mobile station 20 to communicate data (e.g., 
voice) with its called party subscriber. 

20 It is to be understood that the call originating 

procedure illustrated above is for exemplary purposes only 
and that call termination procedures for an incoming call 
setup are also applicable in the sense that the SDCCH is 
also needed and extensively utilized before a call can be 

25 terminated towards its called party mobile station. 

As illustrated above, until a TCH logical channel is 
seized enabling a mobile subscriber to communicate with 
another telecommunications terminal, a great variety and 
quantity of information needs to be exchanged between the 

30 serving mobile network and the requesting mobile station 
over a SDCCH logical channel. Such information includes 
authentication data, channel assignment data, service 
request data, TMSI number data, and call setup information 
data. Accordingly, without an available SDCCH channel, 

35 even if a TCH logical channel is available, a mobile 
station is not able to access mobile service. Such mobile 
service includes not only call setup requests as explained 
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above but a number of other functionalities. Each time 
a mobile station travels into a new location area being 
served by a new BSC, the traveling mobile station needs 
to perform a location update with its associated home 
5 location register (HLR) over a SDCCH logical channel. 
Periodically, the mobile station then has to inform the 
serving BSC and MSC that the mobile station is still 
within the service area by performing International Mobile 
Subscriber Identity (IMSI) Attach procedures over SDCCH 

10 logical channels . Terminating call connections , in a 
manner similar to as described above, also need SDCCH 
logical channels to alert mobile stations and to establish 
terminating call connections . Furthermore , unstructured 
data, such as Short Message Service (SMS) and Unstructured 

15 Supplementary Service Data (USSD) messages are also 
communicated over SDCCH logical channels. With all of the 
above described mobile services attempting to seize and 
utilize a limited number of SDCCH logical channels within 
a particular mobile telecommunications network, providing 

20 efficient and effective SDCCH logical channel resource 
management becomes crucial for providing reliable and 
efficient mobile service to associated mobile stations. 

Reference is now made to FIG. 5 illustrating a 
serving mobile network transmitting Stand-alone Dedicated 

25 Control Channel (SDCCH) status information to a mobile 
station in accordance with the teachings of the present 
invention. A telecommunications node associated with a 
particular geographic area, such as a cell area, maintains 
statistical data representing the utilization level of 

30 SDCCH logical channels associated with that particular 
area. Such a telecommunications node may comprise a base 
station controller (BSC) 60 serving that particular 
geographic area. It may further comprise a base 
transceiver station (BTS) serving that particular cell 

35 area. Each time a SDCCH channel is requested and 
allocated by one of the associated base transceiver 
station (BTS) 30 for a particular mobile station, the 
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statistical data associated with that particular cell area 
is updated by an application module 500 associated with 
the BSC 60. Similarly, each time an allocated SDCCH 
logical channel is released by a mobile station, the 
5 statistical data is updated to reflect the availability 
of the released channel within the geographic area. 

In case the maintained statistical data reflecting 
the level of SDCCH utilization exceeds a threshold level 
imposed by the associated mobile telecommunications 

10 network, indication is noted that the level of SDCCH 
utilization within the serving geographic area has reached 
an undesirable level and there are inadequate amount of 
available SDCCH logical channels remaining to adequately 
handle potential high-level mobile service requests from 

15 its associated mobile stations. As a result, the 
application module 500 transmits a broadcast message to 
all mobile stations located within its coverage area over 
one of its broadcast channels. In order to reach all 
mobile stations currently traveling within the effected 

20 geographic area, the message may be transmitted over a 
Broadcast Control Channel (BCCH) . The transmitted 
broadcast message indicates the over-utilization of SDCCH 
logical channel resources within the current geographic 
area and instructs the receiving mobile stations to delay 

25 requesting low-level mobile service from the serving 
mobile network. 

As another embodiment of the present invention, a 
plurality of threshold levels may be assigned to the 
serving mobile telecommunications network. As an 

30 illustration, a first threshold level is assigned allowing 
access to all mobile services except the lowest level 
mobile services, such as SMS or USSD services. A second 
threshold level may further be assigned to restrict the 
next level of mobile service. For example, location 

35 updates and IMSI attach may further be restricted from 
accessing the network. The highest threshold level may 
then be imposed to allow only access for call connections. 
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Such a hierarchical structure of mobile services may be 
identified and determined by the service operator and 
freely associated with dynamically assignable threshold 
values. The serving BSC 60 then transmits an appropriate 
5 broadcast message informing the associated mobile stations 
with which level the current utilization level is 
currently associated. 

Upon receiving such SDCCH status information, a 
mobile station wanting to request mobile service first 

10 determines whether the mobile service has higher priority 
than the received SDCCH status. If the desiring mobile 
service has lower priority than the current SDCCH resource 
status, an application module 510 within the mobile 
station 20 queues the received requests. An indication 

15 to the associated mobile subscriber that the requested 

mobile service is being queued and delayed may further be 
displayed. Thereafter, the mobile station 20 periodically 
monitors the BCCH logical channel to determine whether the 
SDCCH utilization level has been reduced enough to allow 

20 access to the mobile network. Such a determination can 
be made by a number of ways. A different broadcast 
message may be transmitted by the serving BSC 60 notifying 
the mobile stations traveling within its effective area 
that the SDCCH utilization level has decreased . As an 

25 alternative, if the monitoring mobile stations no longer 

receives broadcast messages over the BCCH logical channel, 
a presumption is then made by the application module 510 
that the restriction on the SDCCH channel request is no 
longer valid. The application module 510 then retrieves 

30 the previously queued request and the retrieved mobile 
service request is then performed in a conventional 
manner . 

Reference is now made to FIG. 6 illustrating the 
steps performed by a mobile station to comply with the 
35 SDCCH resource management procedure in accordance with the 
teachings of the present invention. A broadcast channel, 
such as the Broadcast Control Channel (BCCH) , is 
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periodically monitored by the mobile station current 
located within the particular geographic area at step 500. 
Thereafter, the mobile station receives an indication to 
request mobile service towards the serving mobile network. 
5 Such an indication may include an associated subscriber 
entering a directory number, service codes or function 
keys. Moreover, such an indication may be generated and 
detected internally within the mobile station. 
Furthermore, such mobile service may include originating 

10 an outgoing call connection, transmitting SMS or USSD 
messages, or performing location update. In response, an 
application module associated with the mobile station 
determines whether a broadcast message associated with the 
SDCCH resources has been received over the BCCH logical 

15 channel. If no such status message has been received, the 
mobile station takes the "No" decision link 570 and 
performs the requested mobile service in a conventional 
manner at step 560. On the other hand, if such status 
information has been received over the broadcast channel, 

20 the mobile station compares the priority of the requested 
mobile service with the received SDCCH resource status at 
step 520. If the mobile station is requesting a service 
higher than the SDCCH resource status currently indicated 
by the received broadcast message, the mobile station 

25 takes the "No" decision link 590 and requests the mobile 
service in a conventional manner at step 560. If, 
however, the requesting mobile service has lower priority 
than the received channel resource status, the application 
module associated with the mobile station delay 

30 transmitting the request by buffering or queuing the 
received request. Such a request may be queued within a 
Subscriber Identity Module (SIM) card associated with the 
mobile station. 

Thereafter, the mobile station monitors the broadcast 

35 channel to determine whether the channel resource 
utilization level has decreased enough to enable the 
mobile station to request the queued mobile service. As 
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described previously, such a determination can be made 
either by receiving a different broadcast message 
indicating a lower utilization level or by not receiving 
any broadcast message over a predetermined period of time. 
5 As an illustration, if the same broadcast message 
restricting the mobile station from requesting low level 
mobile service is being transmitted over the BCCH logical 
channel, the mobile station awaits until the restricting 
message is no longer received at step 540. 

10 After making a determination that the SDCCH 

utilization level has decreased, the mobile station then 
retrieves the previously queued mobile service at step 
550. The retrieved mobile service is then requested in 
a conventional manner at step 560 . 

15 Accordingly, by enabling mobile stations to comply 

with transmitted broadcast messages, the serving mobile 
telecommunications network is able to better utilize 
valuable SDCCH logical channel resources for high priority 
mobile service when the SDCCH utilization has exceed an 

20 undesirably high level,. 

Although a preferred embodiment of the method and 
apparatus of the present invention has been illustrated 
in the accompanying Drawings and described in the 
foregoing Detailed Description, it will be understood that 

25 the invention is not limited to the embodiment disclosed, 
but is capable of numerous rearrangements, modifications 
and substitutions without departing from the spirit of the 
invention as set forth and defined by the following 
claims . 



WO 98/26523 PCT/US97/23223 



-18- 

WHAT IS CLAIMED IS: 

1. A method for communicating data reflecting the 
status of channel resources to a plurality of mobile 
stations within a mobile telecommunications network, said 
5 method comprising the steps of: 

maintaining a plurality of first channels for 
facilitating data communication between a 
telecommunications node serving said plurality of mobile 
stations and said plurality of mobile stations; 
10 determining that the utilization of said plurality 

of first channels by some of said plurality of mobile 
stations has reached a threshold level associated with 
said telecommunications node; and 

transmitting, in response to said determination, 
15 first data reflecting the status of said utilization of 
said plurality of first channels to said plurality of 
mobile stations over a second channel. 

2. The method of claim 1 wherein said first data are 
20 transmitted periodically until said utilization of said 
plurality of first channels has fallen below said 
threshold level. 

3. The method of claim 1 further comprising the 
25 steps of : 

determining that said utilization of said plurality 
of first channels has fallen below said threshold level; 
and 

transmitting second data reflecting the availability 
30 of said plurality of first channels to said plurality of 
mobile stations over said second channel. 

4. The method of claim 1 wherein said 
telecommunications node is associated with a plurality of 

35 threshold levels and wherein said step of determining 
further comprises the step of determining with which one 
of said plurality of threshold levels said utilization of 
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said plurality of first channel is associated and wherein 
said transmitted first data further indicates with which 
one of said plurality of threshold levels said determined 
status is associated. 

5 

5. The method of claim 1 wherein said first data 
further reflects the scarcity of said plurality of first 
channels and instructs said plurality of mobile stations 
to delay requesting low priority mobile services from said 

10 telecommunications node. 

6. The method of claim 5 wherein said low priority 
mobile services include a Short Message Service (SMS) . 

15 7. The method of claim 5 wherein said low priority 

mobile services include a Unstructured Supplementary 
Service Data (USSD) service. 

8. The method of claim 1 wherein said plurality of 
20 first channels comprise Stand-alone Dedicated Control 

Channels (SDCCHs) . 

9. The method of claim 1 wherein said second 
channel comprises a Broadcast Control Channel . 

25 

10. A method for optimizing the utilization of a 
plurality of first logical channels for a high priority 
mobile service within a mobile telecommunications network, 
said method comprising the steps of: 

30 receiving a first indication at a particular mobile 

station indicating the availability of said plurality of 
first logical channels within said mobile 
telecommunications network; 

receiving a second indication to request a mobile 

35 service towards said telecommunications node at said 
mobile station; 
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determining that said requested mobile service has 
lower priority in comparison to said availability of said 
plurality of first logical channels; and 

delaying said request for said mobile service towards 
5 said telecommunications node in response to said 

determination . 

11 . The method of claim 10 wherein said first 
indication comprises data received over a Broadcast 

10 Control Channel. 

12. The method of claim 10 wherein said first 
logical channels comprises Stand-alone Dedicated Control 
Channels (SDCCHs) . 

15 

13. The method of claim 10 further comprising the 
steps of : 

determining that current availability of said 
plurality of said first channels within said mobile 
20 telecommunications network is now able to handle said 
requested mobile service; and 

requesting said mobile service towards said 
telecommunications node by requesting one of said 
plurality of said first logical channels. 

25 

14. A system for communicating data indicating the 
status of channel resources to a plurality of mobile 
stations within a mobile telecommunications network, said 
channel resources associated with a plurality of first 

30 logical channels for facilitating data communication 
between said plurality of mobile stations and a 
telecommunications node serving said plurality of mobile 
stations , comprising : 

an application module for maintaining said plurality 
35 of first logical channels; 

a processor for determining that the utilization of 
said plurality of first logical channels by some of said 
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plurality of mobile stations has exceeded a threshold 
level associated with said telecommunications node; and 

a transmitter for transmitting, in response to said 
determination, first data informing such determination to 
5 said plurality of mobile stations. 

15. The system of claim 14 wherein said first data 
further instructs said plurality of mobile stations to 
delay requesting low priority mobile services from said 

10 telecommunications node. 

16. The system of claim 14 wherein said low priority 
mobile services include a Short Message Service (SMS) . 

15 17. The system of claim 14 wherein said low priority 

mobile services include a Unstructured Supplementary 
Service Data (USSD) . 

18. The system of claim 14 wherein said first 
20 logical channels comprise a Stand-alone Dedicated Control 

Channel (SDCCH) . 

19. The system of claim 14 wherein said first data 
are transmitted over a Broadcast Control Channel . 

25 

20. A mobile station for optimizing the utilization 
of a plurality of first logical channels for a high 
priority mobile service within a mobile telecommunications 
network, said mobile telecommunications network including 

30 a telecommunications node providing mobile service to said 

mobile station, comprising: 

means for receiving a first indication indicating the 

availability of said plurality of first logical channels 

within said mobile telecommunications network ; 
35 means for receiving a second indication to request 

a mobile service towards said telecommunications node; 
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means for determining that said requested mobile 
service has lower priority in comparison to said 
availability of said plurality of first logical channels; 
and 

5 means for delaying said request for said mobile 

service towards said telecommunications node in response 
to said determination. 

21. The mobile station of claim 20 wherein said 
10 first indication comprises data received over a Broadcast 

Control Channel . 

22 . The mobile station of claim 20 wherein said 
first logical channels comprises Stand-alone Dedicated 

15 Control Channels (SDCCHs) . 

23 . The mobile station of claim 20 further 
comprising: 

means for determining that current availability of 
20 said plurality of said first channels within said mobile 
telecommunications network is now able to handle said 
requested mobile service; and 

means for requesting said mobile service towards said 
telecommunications node by requesting one of said 
25 plurality of said first logical channels. 
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The methods for channel assignment and channel reassignment 
are suitable for SDMA systems that accommodate the dynamically 
adaptive spatial channel conditions and allow for more frequent 
reuse of conventional channels. Three methods for uplink channel 
assignment are described: a cost function method, a predictive 
method, and a hierarchical method. The cost function method 
computes a cost function for each conventional channel based 
on a weighted correlation matrix for spatial signatures of active 
subscribers. A spatial channel is created for the selected conventional 
channel if it is in use. The predictive channel assignment method 
predicts the uplink received power and interference-plus-noise for 
each conventional channel. Either the conventional channel with the 
minimum interference-plus-noise level or the channel with maximal 
S1NR is selected, and a spatial channel is also assigned if the 
selected channel is in use. The hierarchical method combines the 
cost function method and the predictive method. 
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CHANNEL ASSIGNMENT AND CALL ADMISSION CONTROL 

FOR SPATIAL DIVISION MULTIPLE ACCESS . 
COMMUNICATION SYSTEMS 

CROSS-REFERENCE TO RELATED APPLICATION 

5 This application is a continuation-in-part of pending U.S. patent 

application entitled "Spectrally Efficient High Capacity Wireless Communication 
Systems with Spatial-Temporal Processing", Serial No. 08/735,520, filed Oct. 23, 1996. 

FIELD OF INVENTION 

The present invention relates to wireless communication systems and 
10 more specifically to fixed- access or mobile-access wireless networks using spatial 
division multiple access (SDMA) technology in combination with multiple access 
systems, such as time domain multiple access (TDM A), frequency division multiple 
access (FDMA), and/or code division multiple access (CDMA) systems. 

BACKGROUND OF THE INVENTION 

15 Wireless communication systems are generally allocated a portion of the 

radio frequency (RF) spectrum for their operation. The allocated portion of the spectrum 
is divided into communication channels and channels are distinguished by frequency, 
time or code assignments, or by some combination of these assignments. Each of these 
communication channels will be referred to as conventional channels, and a 

20 conventional channel will correspond to a full-duplex channel unless otherwise noted. 
The establishment of a communication link in a communication system depends not 
only on the availability of a conventional channel but also on the quality of 
communication that will result from the use of a given available conventional channel. 

In wireless communication systems, a conventional channel is used for 
25 communication between a base station and a subscriber station. A base station provides 
coverage to a geographic area known as a cell and may be a pbint-of presence providing 
connection between the subscriber station and a wide area network such as a Public 
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Switched Telephone Network (PSTN). The underlying motivation for the use of cells in 
wireless systems is the reuse of the RF spectrum in geographically different areas. The 
reuse of the frequency spectrum can introduce co-channel (intercell) interference 
between users in different cells that share a common conventional channel. If co- 
5 channel interference is not carefully controlled, it can severely degrade the quality of 
communications. System capacity is in general limited by interference because of the 
reduction in the number of reusable channels of acceptable quality. 

Another source of conventional channel quality degradation is adjacent 
channel (intracell) interference caused by other conventional channels within a given 

10 cell. Ideally, within a given cell each conventional channel should be completely 

isolated from all of the other conventional channels (orthogonal). In practical systems, 
full orthogonality between channels can not be ensured because of the complexity and 
cost such a requirement would place on the system design. For example, adjacent 
channel interference can result, in FDMA systems, from RF carrier frequency offsets 

15 and imperfect filters; in TDMA systems, from timing offset and jitter; and, in CDMA 
systems, from synchronization inaccuracies or RF multipath propagation. 

The more recently introduced SDMA systems (Roy et aL, U.S. Pat. No. 
5,515,378) allow multiple subscribers within a given cell to simultaneously share the 
same conventional channel without interfering with one another, and further, allow more 

20 frequent reuse of conventional channels within a geographical area covering many cells. 
. SDMA exploits the spatial distribution of subscribers in order to increase usable system 
capacity. Because subscribers tend to be distributed over a cell area, each subscriber- 
base station pair will tend to have a unique spatial signature characterizing how the base 
station antenna array receives signals from the subscriber station, and a second spatial 

25 signature characterizing how the base station antenna array transmits signals to the 
subscriber station. Subscribers sharing the same conventional channel are said to be 
using different spatial channels. As in the case of FDMA, TDMA, and CDMA systems, 
spatial channels in a SDMA system may not be perfectly orthogonal because of 
hardware limitations and multipath propagation. It should be noted that non-spatial 

30 multiplexing (e.g., FDMA, TDMA, and CDMA), when used in combination with 

antenna array patterns that are controlled by using spatial processing, is referred to as 
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SDMA in the context of this invention. In practice, spatial signatures and antenna arrays 
can be used in a non-spatial-division-multiple-access system configuration for 
enhancing communications between base stations and subscribers by use of spatial 
signal processing techniques. In these cases, the label SDMA will still be used in the 
5 context of the description that follows. 

Fig. 1 shows an example of a wireless SDMA TD/FD/CDMA system 
(Barratt et a/., U.S. Patent Application No. 08/375,848) in which a number of subscriber 
stations (symbolically shown as handsets) 20, 22, 24 are being served by base station 
100 that may be connected to a wide area network (WAN) 56 for providing any required 

10 data services and connections external to the immediate wireless system. Switching 
network 58 interfaces with WAN 56 for providing multichannel duplex operation with 
the WAN by switching incoming WAN data to lines 60 of base station 100 and 
switching outgoing signals from base station 100, on line 54 to the WAN. Incoming 
lines 60 are applied to signal modulators 62 that produce modulated signals 64 for each 

15 subscriber station the base station is transmitting to. A set of spatial multiplexing 

weights 74 for each subscriber station are applied to the respective modulated signals in 
spatial multiplexers 66 to produce spatially multiplexed signals 68 to be transmitted by a 
bank of multichannel transmitters 70 using transmit antenna array 18. The SDMA 
processor (S DM AP) 48 produces and maintains spatial signatures for each subscriber 

20 station for each conventional channel, calculates spatial multiplexing and 

demultiplexing weights for use by spatial multiplexers 66 and spatial demultiplexers 46, 
and uses the received signal measurements 44 to select a channel for a new connection. 
In this manner the signals from the current active subscriber stations, some of which 
may be active on the same conventional channel, are separated and interference and 

25 noise suppressed. When communicating from the base station to the subscriber stations, 
an optimized multilobe antenna radiation pattern tailored to the current active subscriber 
station connections and interference situation is created. An example of a transmit 
antenna pattern that may be created is shown in Fig. 2. 

Returning to Fig. 1, spatial demultiplexers 46 combine received signal 
30 measurements 44 from the multichannel receivers 42 and associated antenna array 19 
according to spatial demultiplexing weights 76, a separate set of demultiplexing weights 
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being applied for each subscriber station communicating with the base station. The 
outputs of spatial demultiplexers 46 are spatially separated signals 50 for each 
subscriber station communicating with the base station, which are applied to signal 
demodulators 52 to produced demodulated received signals 54 for each subscriber 
5 station communicating with the base station. In an alternate embodiment, the 

demultiplexing and demodulation processing are performed together in a nonlinear 
multidimensional signal processing unit. The demodulated received signals 54 are then 
available to switching network 58 and WAN 56. 

In an FDMA system implementation, each multichannel receiver and 
10 each multichannel transmitter is capable of handling multiple frequency channels. In 
other embodiments, multichannel receivers 42 and multichannel transmitters 70 may 
instead handle multiple time slots, as in a TDMA system; multiple codes, as in a CDMA 
system, or some combination of these well known multiple access techniques (Barratt et 
ai y U.S. Patent Application No. 08/375,848). 

15 In practical systems that may involve hundreds or thousands of 

subscriber stations, perfect separation or orthogonality between every subscriber station, 
following the application of SDMA processing, cannot be insured because of the 
complexity and cost that such a requirement would place on the system design. If the 
separation of subscriber station connections post-SDMA processing cannot be ensured, 

20 the extended capacity of the SDMA will be limited and interference between subscribers 
will occur from the use of SDMA techniques. Jfae consequence of this practical 
limitation is that a method for minimizing the interference and thereby maximizing the 
effective channel capacity of the SDMA system is required. 

Even if two or more subscriber stations are not perfectly separated or 
25 . orthogonal after SDMA processing, it still may be possible to share a common 

conventional channel in a TDMA, FDMA or CDMA system using SDMA technology. 
From a practical point of view, it is not required that the subscriber stations be perfectly, 
separated after SDMA processing to share a common conventional channel. It is only 
required that the interference between subscribers sharing a common conventional 
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channel post-SDMA processing be low enough so as not to reduce the quality of 
communications below a prescribed level. 

Because of the interference introduced by frequency reuse and the fragile 
nature of orthogonality for conventional and spatial channels, all wireless multiple 

5 access communications systems need a method for base station and channel assignment 
that minimizes these adverse effects when a new call or connection between a base 
station and a subscriber is made. The labels new subscriber and new connection will be 
used interchangeably to denote a new call or connection between a base station and a 
subscriber station, and the labels active subscriber, existing connection and existing 

10 subscriber will be used interchangeably to denote a call or connection in-progress 

between a base station and a subscriber station. If not careful, the new subscriber may be 
assigned to a base station and a channel on which poor quality is experienced due to 
excessive interference. Moreover, the addition of a new subscriber has the potential 
consequence of adversely affecting the quality of communications on existing 

15 connections. Also, existing subscribers can suffer from increased channel interference 
from the addition of a new subscriber, or other unrelated causes, that can require moving 
subscribers from currently assigned channels to new channels in order to restore 
acceptable quality communications. Channel re-assignment methods, using decision 
processes similar to those used for initial base station and channel assignment, are also 

20 required. 

Prior art channel assignment and reassignment methods are based on 
measurements of physical phenomena such as the received signal strength indication 
(RSSI) or the co-channel interference on different conventional channels. Barnett, in 
U.S. Patent No. 5,557,657, describes a method for handover between an overlay cell and 

25 an underlay cell depending on the RSSI. Booth (U.S. Patent No. 5,555,445) describes a 
method for intercell handoff in which an intracell handoff from one conventional 
channel to another is first attempted, and the success or failure of the handoff is 
indicated by the RSSI. Knudsen (U.S. Patent No. 5,448,621) describes a method for 
reallocating conventional channels between cells that depends on the number of unused 

30 conventional channels in each cell (i.e., the cell load). Grube et al. (U.S. Patent No. 
5,319,796) outlines a method for measuring co-channel interference on a conventional 
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channel by placing additional receivers in the coverage area of the co-channel user and 
then transmitting feedback information on measured co-channel interference to a 
channel assignment controller. In all of these methods, the processes of channel 
assignment and reassignment do not take the spatial distribution of the subscribers into 
5 account, nor do they consider how the RSSI and co-channel interference jointly affect 
the signal quality of the new connection. 

Hanabe (U.S.. Patent No. 5,475,864) describes a channel assignment 
method for sectorized cells which have static antenna beam patterns. Hanabe does not 
consider what happens with fully adaptive SDMA systems in which beam patterns 
10 dynamically change depending on which subscribers are active at any given time. 
Furthermore, the channel assignment of spatial channels made possible by SDMA is 
never addressed. 

If two subscribers with similar spatial signatures were to be assigned to 
the same conventional channel, either at the same base station or at two different base 

15 stations, serious interference would render the channel unusable to both subscribers. 
Hence, there is a need for a new method of channel assignment for advanced, fully 
adaptive SDMA systems that can predict, a priori, the quality of a spatial or 
conventional channel; i.e., before the new connection is assigned to a given base station 
and channel. Also, there is a need for a SDMA channel assignment method that can 

20 predict the impact of a new connection on existing connections and can perform call 
admission control as necessary. The availability of such base station and channel 
assignment, reassignment, and admission control methods would allow SDMA methods 
to increase system capacity by better isolating subscribers while maintaining acceptable 
communications quality. 

25 SUMMARY OF THE INVENTION 

The present invention includes methods for channel assignment, channel 
reassignment, and call admission control suitable for SDMA systems that accommodate 
the dynamically adaptive spatial channel conditions and allow for more frequent reuse 
of conventional channels. 



WO9830047 [file://V:Mnternational\Sing a pore National\20 08 \SG2008 07476-7\WO9830047.cpc] 



'O 98/30047 



PCT/US97/23731 



Pag e 9 of 63 



7 

Three methods for uplink channel assignment are described: a Weighted 
Correlation method, a Predicted Quality method, and a Hierarchical method. 

The Weighted Correlation method computes a cost function for each 
conventional channel based on a weighted correlation of the new subscriber's spatial 

5 signature with the spatial signatures of the active subscribers. The spatial signatures of 
the active subscribers need not be explicitly known to compute the cost function. In an 
embodiment in which no knowledge about the active subscriber signatures is assumed, 
the cost function is formed using an unstructured estimate of the sample covariance 
matrix, which is computed from measurements of the antenna array response for a 

10 prescribed number of time samples. In an alternate embodiment, a structured estimate of 
the sample covariance matrix, based on the spatial signatures of active subscribers and a 
noise-plus-interference covariance matrix, is used to compute the cost function. In one 
embodiment, a conventional channel with acceptably low cost is assigned to the new 
connection.. In another embodiment, the conventional channel with the minimum cost is 

15 assigned to the new connection. The set of candidate conventional channels from which 
a channel for assignment is to be selected may be constrained to the subset of channels 
for which the cost of the new subscriber is less than a prescribed threshold. The 
assignment of more than one subscriber to the same conventional channel is permitted if 
there are sufficient hardware resources at the chosen base station for the selected 

20 channel to accommodate the new connection. If no candidate channels are found, the 
new subscriber is not assigned to the chosen base station. 

The Predicted Quality channel assignment method predicts the uplink' 
received signal power and interference-plus-noise for each conventional channel, based 
on an estimate (predicted value) of the sample covariance matrix of received signals at 

25 the base station antenna array that may result should the new subscriber be assigned to, 
and become active on, a given channel. The method may use an unstructured estimate of 
the sample covariance matrix of received signals from subscribers already active, by 
measuring the base station array response for a prescribed number of samples, or else 
the method may use a structured estimate of the sample covariance matrix, based on the 

30 spatial signatures of already active subscribers and a noise-plus-interference covariance 
matrix. In one embodiment, the cost function for a conventional channel is computed as 
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the predicted interference on that channel. In an alternative embodiment, the cost 
function for a conventional channel is computed as the negative of the predicted signal- 
to-interference-plus-noise ratio (SINR) of the new connection on that channel. In either 
case, the new subscriber may be assigned to a conventional channel with an acceptably 

5 low cost, or else to the conventional channel with the minimum cost. The set of 

candidate conventional channels from which a channel for assignment is to be selected 
may be constrained to the subset of channels for which the predicted SINR of the new 
subscriber, and, optionally, the predicted SINRs of the active co-channel subscribers, 
is/are greater than a prescribed threshold. In all these cases, the assignment of more than 

10 one subscriber to the same conventional channel is permitted if there are sufficient 

hardware resources at the selected base station for the chosen channel to accommodate 
the new connection. If no candidate channels are found, the new subscriber is not 
assigned to the selected base station. 

The Hierarchical method uses the Weighted Correlation method to select 
15 a subset of candidate channels that represent the channels with the lowest cost as 

determined by the Weighted Correlation method. The channel assignment is then made 
by applying the Predictive Quality method to the subset of candidate channels. 

The Downlink Predictive channel assignment method, when not 
constrained by the uplink channel assignment, assigns a conventional channel to a new 

20 connection by having the new subscriber report the downlink received signal level for 
each conventional channel and estimating the downlink interference-plus-noise level 
from the subscriber report. In one embodiment, the cost function for a conventional 
channel is computed as the downlink interference-plus-noise level on that channel. 
Alternatively, the downlink spatial signature and associated multiplexing weights of the 

25 new connection on each conventional channel are further used to compute a predicted 
. downlink received signal level. The cost function for a conventional channel is then 
computed as the negative of the predicted downlink SINR for the channel. In either case, 
the new subscriber may be assigned to a conventional channel with an acceptably low 
cost, or else to the conventional channel with the minimum cost. The set of candidate 

30 conventional channels to select from may be constrained to the subset of channels for 
which the predicted SINR of the new subscriber, and optionally, the predicted SINRs of 
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the active co-channel subscribers, is/are greater than a prescribed threshold. In all these 
case.s, the assignment of more than one subscriber to the same conventional channel is 
permitted if there are sufficient hardware resources at the selected base station for the 
chosen channel to accommodate the new connection. If no candidate channels are found, 
5 the new subscriber is not assigned to the selected base station. 

In addition, for all uplink and downlink channel assignment methods an 
optional distortion criterion may be added which estimates the transmitter and/or 
receiver distortion effects produced by any particular conventional channel assignment 
by computing a crest factor. In one embodiment, the effect is expressed by augmenting 
io the cost function for any particular channel assignment method with the crest factor cost. 
In the preferred embodiment, the effect is expressed by constraining the selection of a 
conventional channel to among those channels with an acceptably low crest factor. 

The Joint Uplink-Downlink channel assignment method combines the . 
cost function of an uplink method with that of a downlink method to form a joint cost • 

is function. The new subscriber may be assigned to a conventional channel with an 

acceptably low joint cost, or else to the conventional channel with the minimum joint 
cost. The set of candidate conventional channels to select from may be constrained to 
the subset of channels satisfying the constraints of the uplink method and the downlink 
method. The assignment of more than one subscriber to the same conventional channel 

20 is permitted if there are sufficient hardware resources at the selected base station for the 
chosen channel to accommodate the new connection. If no candidate channels are found, 
the new subscriber is not assigned to the selected base station. 

All of the channel assignment methods may be applied to either a set of 
candidate conventional channels associated with any particular base station or else a set 
25 of candidate conventional channels associated with a multiplicity of base stations. In the 
latter embodiment, the channel assignment method performs the selection of a base 
station in addition to the selection of a conventional channel for the new connection. 

Channel re-assignment may be accomplished by any of the above 
methods for channel assignment, with the modification that the conventional channel the 
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subscriber wishes to be reassigned from is omitted from the set of candidate 
conventional channels. 

Three methods for call admission control include: a Weighted 
Correlation method that includes comparing the cost of assigning a selected 

5 conventional channel to a new connection against a prescribed threshold, assigning the 
selected channel if the threshold is exceeded, otherwise rejecting the selected channel; a 
Predictive method that includes comparing the predicted uplink and/or downlink SINR 
of a selected conventional channel against the corresponding prescribed uplink and/or 
SINR threshold(s), assigning the selected channel if the candidate SINR(s) exceed(s) the 

10 threshold(s), and blocking the assignment if otherwise; and a general Load Estimation 
method that is applicable to SDMA and non-SDMA systems that includes estimating the 
system call load, prescribing a call load threshold indicative of the number of calls in 
progress, comparing the estimated system call load with the call load threshold, 
assigning the selected channel if the estimated load is less than threshold, and blocking 

15 assignment if otherwise. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a graphical representation of a SDMA system; 

Fig. 2 is a graphical representation of the SDMA multichannel transmitters' antenna 
patterns generated from three multiplexing weight vectors; 

20 Fig. 3(a) is a flow diagram of the weighted correlation method for channel assignment; 

Fig. 3(b) is a flow diagram for computing the unstructured form of the covariance 
matrix; 

Fig. 3(c) is a flow diagram for computing the structured form of the covariance matrix; 
Fig. 4 is a flow diagram of the predicted quality method for channel assignment; 
25 . Fig. 5 is a flow diagram for the hierarchical method for channel assignment; 

Fig. 6 is a flow diagram for the downlink predictive channel assignment method; and 
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Fig. 7 is a flow diagram for three methods of call admission control. 

DETAILED DESCRIPTION OF THE INVENTION 

Channel assignment in a full-duplex communication channel includes the 
selection of both an uplink channel (from subscriber to cell base station) and a downlink 

5 channel (from cell base station to subscriber). The case of half-duplex channel 

assignment may be considered as a special case of the full-duplex problem. Interference 
on the uplink channel comes primarily from other subscriber stations while interference 
on the downlink channel is caused primarily by base stations of other cells. 
Consequently, the quality of communications on the uplink and downlink channels will 

10 generally differ. In one embodiment of the invention, uplink and downlink channel 
assignments are performed independently and separately and, because of this lack of 
constraints in selecting the uplink and downlink channels, offers the potential for 
achieving the highest system capacity. However, many practical systems impose a fixed 
relationship between the uplink and downlink channels so that independent selection is 

15 not possible. 

For example, in the Personal Handyphone System (PHS) standard 
(Association of Radio Industries and Businesses (ARJDB) Preliminary Standard, Version 
2, RCR STD 28, approved by the Standard Assembly Meeting of December, 1995), the 
uplink and downlink channels form a full-duplex channel and must be on the same RF 

20 carrier, so that the carrier frequency of uplink and downlink channel can not be 
independently specified. Also, the downlink time division multiplexed time-slot is 
specified as preceding the uplink time-slot by exactly four time-slots. For such systems, 
the selection of either uplink or downlink channel automatically determines the selection 
of the other. In one embodiment, the selection of a full-duplex channel is achieved by 

25 performing an uplink channel assignment and specifying the downlink assignment in 
accordance with the existing rules of the system. This method is advantageous when the 
capacity of the full-duplex channel system is primarily uplink channel capacity limited. 
In another embodiment, the full-duplex channel is chosen by performing the downlink 
channel assignment and allowing the choice of the uplink assignment to be fixed by the 

30 rules of the system. This method is preferred when the system is primarily downlink 
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channel capacity limited. In another embodiment, the assignment of the uplink and 
downlink channel is considered jointly by evaluating each uplink-downlink channel pair 
as a unit and assigning a new subscriber to the best uplink-downlink pair. This method 
is preferred for systems in which the channel capacity is dominated by neither uplink nor 
5 downlink channel capacity. 

Other practical considerations for channel assignment are the dynamic 
range of the RF power amplifiers (PAs) and whether the base station transmitter 
architecture is wideband or narrowband. The dynamic range of a PA is limited on the 
low power end by the noise floor and on the high power end by the maximum PA output 
io for which the distortion of the amplified signal remains acceptably low. A channel 
assignment method must be aware of the PA dynamic range characteristics when 
selecting a channel because the- required transmit power may differ from channel to 
channel. 

A base station transmitter PA also generates intermodulation distortion 

15 from the. mixing of RF subcarriers of differing frequencies. In a narrowband RF 
transmitter architecture, the power delivered for each subcarrier is provided by a 
separate PA so that the mixing of different subcarrier bands does not occur, greatly 
reducing the intermodulation distortion. Further, any distortion products generated from 
in-band mixing by each PA which fall outside of the subcarrier band can be filtered so 

20 as to minimize the distortion products that can cause interference with other subcarriers. 
By contrast, a transmitter with a wideband PA architecture uses a multi-carrier power 
amplifier (MCPA) that amplifies a group of subcarriers simultaneously, producing 
intermodulation distortion from the mixing of different subcarriers. The intermodulation 
distortion so generated overlaps with the group of subcarrier bands carrying the 

25 subscriber signals and cannot be separated and filtered. The MCPA produces 

intermodulation products due to the presence of a multicarrier RF signal. While it is 
possible to produce an MCPA with very low intermodulation distortion, the cost of 
doing so is very high. Thus, there is a need for a channel assignment method that helps 
mitigate the effects of intermodulation distortion by taking the PA architecture into 

30 account and permitting a lower cost solution to be used. 
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Analogous problems with distortion also exist in a wideband receiver 
architecture. For example, sources of non-linearities in the receiver include RF mixers, 
low noise amplifiers and analog-to-digital converters. A channel assignment algorithm 
must take this information into account or else the capacity of the network may be 
5 adversely affected. 

As previously explained, in SDMA there are two spatial signatures 
associated with each subscriber-base station pair on a particular conventional channel 
(Barratt et a/., U.S. Patent Application No. 08/375,848). A base station associates with 
each subscriber station a receive, or uplink, spatial signature related to how that 

10 subscriber station receives signals transmitted to it by the base station's antenna array 
and a transmit, or downlink, spatial signature related to how the base station's receive 
antenna array receives signals transmitted by the subscriber station. The transmit and 
receive spatial signatures contain information about the amplitude attenuation and 
relative phase of the RF signal at each antenna element transmitter and receiver, 

15 respectively, of the base station. This amplitude and phase information at each receiver 
or transmitter can be treated as vector elements, {aj}, of a complex column vector, a. 
The spatial signatures can be stored in a database and updated at prescribed intervals, or 
they may be estimated during the initial phase of a call setup when a new connection 
from a subscriber is initiated, or they may be analytically determined (Roy et a/., U.S. 

20 patent 5,5 1 5,378). For example, in the case of PHS, a link channel establishment phase 
takes place on the signaling control channel (SCCH) before communicating on an 
assigned link (traffic) channel (LCH). During this link channel establishment phase, the 
spatial signatures of the new subscriber can be measured. 

The spatial signatures contain information about the ability to 
25 communicate with a subscriber. If a' k and a[ are the receive spatial signatures for 
subscribers i and j, respectively, on conventional channel k, then their normalized 



* * si 

absolute inner product is defined as n ... « ... , where denotes the complex modulus, 

klHkll 11 

( ) denotes the complex conjugate transpose and || || denotes the Euclidean norm of a 
complex vector. The normalized absolute inner product of a' k and a[ is indicative of 
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the ability to simultaneously communicate to subscribers i and j on the same uplink 
conventional channel. Orthogonal signatures would have a normalized absolute inner 
product of zero, indicating that interference between subscribers is unlikely even if both 
share a common conventional channel. A significant normalized absolute inner product 

5 value would indicate a potential interference problem if both subscribers were to share a 
common conventional channel. However, there are two problems with the use of the 
normalized absolute inner product as a basis of channel assignment: it may be too 
difficult (i.e„ complex and/or expensive) to keep track of the spatial signatures for all 
channels of all subscribers in adjacent cells; and a significant normalized absolute inner 

10 product does not necessarily indicate an interference problem because, for example, 
subscribers within different cells may have a large normalized absolute inner product 
between spatial signatures and not interfere if they are isolated by large distances or by 
high loss RF propagation paths. Therefore, the received signal levels of the subscribers 
on a given conventional channel from surrounding subscribers will also determine 

15 whether there will be an unacceptable level of interference on that channel. 

Several optional approaches to uplink channel assignment are available, 
each varying in relative complexity and performance characteristics: a Weighted 
Correlation method, a Predicted Quality method, and a Hierarchical method combining 
both the Weighted Correlation method and the Predicted Quality method. 

20 The Weighted Correlation method defines a quadratic cost function for 

the k th conventional channel as 

c k =aXa k Eq.l 

where a k is the uplink spatial signature of the new subscriber on conventional channel k 
and is the sample co variance matrix of the antenna array response of conventional 
25 channel k. The spatial signature a k is typically estimated during call setup, or it may be 
stored in a database and updated at prescribed intervals. An unstructured estimate of the 
sample covariance matrix which does not require a priori knowledge of the spatial 
signatures of the active subscribers may be computed, typically by measuring the 
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received signal at each antenna element receiver of Fig. 1 over several time samples and 
averaging; Le. 9 

Q } --1Lz w l0z m *V) Eq.2 

where z {k) (Ois the vector received signal of the antenna array on conventional channel 
5 k at time i 9 and n is the number of time samples. For example, in the PHS system, n may 
be chosen to be the number of data symbols in a PHS burst. In one embodiment, the new 
subscriber's call is assigned to a conventional channel with an acceptable cost, c*. The 
acceptable cost level can be that which corresponds to an acceptable bit error rate for 
communication between the base station and the subscriber station. In the preferred 
10 embodiment, the new subscriber's call is assigned to the conventional channel for which 
the cost function, c*, of Eq. (1) is minimal. The assignment of more than one subscriber 
to the same conventional channel is permitted if there are sufficient hardware resources 
at the selected base station for the chosen channel to accommodate the new connection. 

If an unstructured estimate of R 1 ** is used in Eq. (1), then the channel 
15 assignment method described above can operate in the absence of any form of 

information exchange or communication between different base stations. By performing 
an unstructured estimate, the spatial signatures of all active subscribers, both within the 
same cell as well as in neighboring cells, have been accounted for without having to 
explicitly measure them one-by-one. 

20 Alternatively, a structured estimate of the sample covariance matrix 

which takes advantage of any knowledge about the spatial signatures of active 
subscribers may be computed. In a wireless system employing SDMA, a base station 
may know the spatial signatures and transmit signal powers of the active subscribers 
with which it is communicating. Hence, in an alternative' embodiment, the cost function 

25 of Eq. (1) can be computed by performing a structured estimate of the sample 
covariance matrix R^: 

R^-A^K+W Eq.3 
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where A k is the collection of spatial signatures formed by column-wise concatenation of 
the spatial signatures on conventional channel k of active subscribers in the same cell as 
the new connection, is a an expected cross-correlation matrix whose diagonal 
elements are the average transmit powers of the active subscribers on conventional 

5 channel k in the same cell as the new connection, and is a noise-plus-interference 
covariance matrix containing the contributions of noise and intercell interference to the 
received signals at the base station antenna array. R^ may be estimated by measuring 
the received signal at each antenna element receiver of Fig. 1 during time intervals when 
the active subscribers on channel k and in the same cell as the new connection are not 

10 transmitting and then time averaging, as in Eq. (2). Alternatively, if the spatial 
signatures and transmit powers of all active subscribers are available at each base 
station, R { n * } may be estimated as 

*r=^C< + !2 Eq.4 

where is an expected cross-correlation matrix whose diagonal elements are the 
15 average transmit powers of the active subscribers on conventional channel k in cells, 
different from that of the new connection. A° is the collection of spatial signatures 
formed by column-wise concatenation of the known spatial signatures on conventional 
channel k of active subscribers in cells different from that of the new connection 
received at the base station of the new connection. Q is the estimated receiver noise 
20 covariance matrix. The contents of Q can also be regarded as regularization parameters 
chosen by the user. In many common cases, Q = a 2 /, where / is the identity matrix and 
a 2 is the estimated receiver noise. 

In one embodiment, the new subscriber's call is assigned to a 
conventional channel with an acceptable cost, c*. In the preferred embodiment, the new 
25 subscriber's call is assigned to the conventional channel for which the cost function, c* , 
of Eq. (1) is minimal. The assignment of more than one subscriber to the same 
conventional channel is permitted if there are sufficient hardware resources at the 
selected base station for the chosen channel to accommodate the new connection in 
additional to any existing connections. 
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In a typical SDMA system, the sample covariance matrix of Eq. (2) or 
Eq. (3) is computed and continually updated as part of the spatial processing for each 
conventional channel, thus obviating the need to recompute it for channel assignment. 
The computations required by Eq. (1) are then minimal. 

5 A further improvement in channel assignment is obtained by use of the 

Predicted Quality Channel Assignment Method by predicting the quality of 
communication that will result from assigning a new connection to a particular 
conventional channel. This is accomplished by estimating the signal power and the 
interference-plus-noise power that a new subscriber will experience on each 
10 conventional channel if assigned to that channel by using a model of the RF 

environment and the SDMA processing, without actually assigning the call to any 
conventional channel. 

Let R^ } represent the sample covariance matrix before the new 
subscriber is assigned to conventional channel k y and represent the predicted 
15 covariance matrix if the new subscriber were to be assigned to and become active on 
conventional channel k. As described previously, R™ may be computed by either an 
unstructured estimate (Eq. (2)) or a structured estimate (Eq. (3)). In the preferred 
embodiment, the relationship between and R™ is modeled by 

RM = + a k r™a k Eq. 5 

20 where a k is the uplink spatial signature of the new subscriber on conventional channel k 
and r s ( s k) is a scalar quantity representing the transmit power of the new subscriber on 
conventional channel k. 

In the preferred embodiment, the uplink spatial demultiplexing weights, 
w k , for the new subscriber on conventional channel k are expressed as the column 
25 vector 

=(Rl k) r l r ss a k Eq.6 
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It should be noted that the above expression requires the inverse of R { J ] which is 
usually undesirable because computing the inverse is computationally expensive. 
However, by taking advantage of the model for R { J } in Eq. (5), and by invoking the 
Sherman-Morrison inversion formula ("Matrix Computations", Golub et al> The Johns 
5 Hopkins University Press, Baltimore, MD, 1983, p. 3), the inverse of R { J } may be 
expressed as 

• (i^'r'-^r-^^ Eq.7 

Thus, by using this expression the process of matrix inversion has been reduced to a 
series of simpler matrix multiplication computations. Further, it should be noted that in 
10 a typical SDMA system, the inverse of the sample covariance matrix before the new 
subscriber is assigned to conventional channel K > has been computed and is 

continually updated as part of the spatial processing for the already active subscribers on 
each conventional channel k, making it unnecessary to compute it when using Eq. (7). 

The predicted uplink signal power that would result from the assignment 
15 of the new subscriber to channel k, Sf! , is estimated as 

and if! , the uplink interference-plus-noise power for the new subscriber, is estimated as 

7?=mT« Eq.9 

Having computed Sf! and If! for each conventional channel k, the uplink signal-to- 
20 interference-plus-noise ratio (SINR) of the new connection on each channel k is 
estimated by 

SINR k = Sf! I If! Eq, 10 



25 



In one embodiment, the cost function for conventional channel k is computed as if! . 
The new subscriber is assigned either to the first conventional channel for which the 
computed cost is acceptably low, or else to the conventional channel with the minimal 
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cost. (One definition for an acceptably low computed cost is a cost that is equal to, or 
less than, the cost that corresponds to a maximal acceptable bit error rate between a 
subscriber and the base station.) The rationale is that a conventional channel assigned to 
the new subscriber on which interference from existing subscribers is acceptably low 
5 will, by reciprocity, tend to be a channel on which the new subscriber will produce 
acceptably low interference with the existing subscribers. 

In an alternative embodiment, the cost function for any conventional 
channel k is computed as - SINR k , the negative of the predicted SINR on that channel. 
The new subscriber is assigned either to the first conventional channel for which the 

10 computed cost function is acceptably low, or else to the conventional channel with the 
minimal cost. This method is useful for, but not limited to, wireless systems which 
employ means for controlling transmit power levels as are well-known in the art. In this 
way, the new subscriber can use the lowest transmit power and thereby maximally 
reduce interference in the system. However, for various reasons (e.g., if the power 

15 control range is very limited), conventional channel assignment can always be made 
under the rule described in the previous paragraph for Predicted Quality channel 
assignment. 

For either of the embodiments described in the preceding two paragraphs, 
the set of candidate channels that the channel assignment method chooses from may be 
20 constrained to the subset of channels for which the predicted signal-to-interference-plus- 
noise-ratios of the new connection exceed a prescribed threshold level. Typically the 
threshold is set at or near the SINR required to maintain an acceptable bit-error-rate for 
connection between the subscriber station and the base-station. 

In a wireless system employing SDMA, a base station typically knows 
25 the spatial signatures and transmit powers of the active subscribers with which it is 

communicating. This knowledge about the co-channel active subscribers may optionally 
be exploited in the Predicted Quality channel assignment method to predict SINR k j , the 

uplink signal-to-interference-plus-noise ratio experienced by each co-channel active 
subscriber i on each conventional channel k if the new connection was to be assigned to 
30 channel fc, without actually assigning the call to any conventional channel. Denote the 
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uplink transmit signal power and uplink spatial signature of co-channel active subscriber 
i on conventional channel k by r ki and a kJ , respectively. Then for each co-channel 
active subscriber i on each conventional channel k> the predicted spatial demultiplexing 
weights w ki , the predicted uplink signal power S kJ and the predicted uplink 

interference-plus -noise power I kJ are computed as 

<=(*r-r Eq.n 

Sl=\&u\$r u Eq.12 
^-k'a tM ^-d Eq.13 



where /? z ( * ),f denotes the predicted sample covariance matrix at the base station currently 
10 communicating with active subscriber j on conventional channel k if the new subscriber 
was to be assigned to, and become active on the channel. R*** is computed similar to 
Eq.(7): 

iR™)' 1 =(R« li y x -(R^T l a[a[\R^ 
where a k is the uplink spatial signature of the new subscriber to the base station 
15 currently communicating with active subscriber j on conventional channel k and R^ y ' is 
the sample covariance matrix at the base station currently communicating with active 
subscriber i on conventional channel L The predicted uplink SINR of active subscriber 
/ on channel fc, SINR kf , is then computed as SINR k i = S kJ I I k i . 

The Predicted Quality channel assignment method may optionally then 
20 be further constrained to only permit assignment of the new subscriber to conventional 
channel k if the predicted uplink SINRs of all active subscribers on that channel exceed 
a prescribed threshold level. 

The Hierarchical method combines the advantages of the Weighted 
Correlation method and the Predicted Quality method for conventional channel 
25 assignment by applying the low complexity Weighted Correlation method as a means 
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for selecting a small subset of the least costly conventional channels and then applying 
the more optimal Predictive Quality method to the small subset for selecting the best 
conventional channel. 

In the preceding description, consideration has been given to the 
5 assignment of uplink channels from the subscribers to the base station. Now 

consideration is given to the assignment of downlink channels from the base station to 
the subscriber stations. 

During the initial phase of a call setup , for example, the subscriber 
station can measure the downlink received power levels on all of the conventional 

10 channels and report the measurements to the base station. This method is preferred if it 
does not introduce excessive latency (setup time). Alternatively, each subscriber station 
can periodically poll the downlink received power levels on all conventional channels 
whenever it is not actively making a call. The received power levels can be sent back to 
the base station oyer idle channels at prescribed intervals, or the power levels can be 

15 stored and updated at the subscriber station, and then all or a subset of the power levels 
communicated to the base station at the time of a call setup. Using these methods, the 
base station has a recent record of received power levels on all or a subset of the 
conventional channels for new subscribers. 

In one embodiment, the received power level measured by the new 
20 subscriber on conventional channel k, P k , is used as an estimate of //\ the downlink 
interference-plus-noise power on conventional channel k. Alternatively, the estimate of 
/ f may be further refined for any conventional channel k already supporting one or 
more existing subscribers in the same cell as the new subscriber, by introducing a test 
interval. The duration of the test interval is typically chosen to be a small multiple (e.g., 
25 between one and five) of the period between updates of the downlink multiplexing 
weights by the SDMAP in Fig. 1. During this test interval, the existing subscribers on 
channel k adjust their multiplexing weights as though the new subscriber has already 
been assigned to channel k. Methods for computing spatial multiplexing weights are 
described in Barratt et al, U.S. Patent Application No. 08/375,848. In the latter part of 
30 the test interval, the new subscriber station may measure the downlink received power 
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on channel k and report the measurement to the base station. At the conclusion of the 
test interval, the existing subscribers on channel k readjust their multiplexing weights as 
though the new subscriber has been removed from channel k. The base station may then 
use P£ , the downlink received power measured during the test interval, as a refined 

5 estimate of /f . 

The cost function for conventional channel k is defined to be /f . In one 
embodiment, the new subscriber's call is assigned to a conventional channel with an 
acceptable cost. In another embodiment, the new subscriber's call is assigned to the • 
conventional channel for which the cost function is minimal. The assignment of more 
10 than one subscriber to the same conventional channel is permitted if there are sufficient 
hardware resources at the selected channel to accommodate the new connection in 
additional to any existing connections. 

A further improvement in downlink channel assignment is obtained by 
predicting the quality of communication that will result from assigning a new 
15 connection to a particular conventional channel. This is accomplished by predicting the 
downlink SINR that a new subscriber will experience on each conventional channel if 
assigned to that channel, without necessarily assigning the call to any conventional 
channel. 

The spatial signature of a new subscriber on the downlink is estimated 
20 for each conventional channel. In the case of a time-division-duplex (TDD) system, the 
downlink spatial signature of a new subscriber can be related to the uplink signature 
through calibration of the two links. A description of the calibration method is found in 
Roy et a/., U.S. Pat. No. 5,546,090. Other methods for estimating downlink spatial 
signatures are found in Barratt et al, U.S. Pat. Application No. 08/375,848. 

25 The downlink spatial multiplexing weights, wf , for conventional 

channel k are then estimated. In a TDD system, the downlink weights wf can be related 
to the previously described uplink spatial multiplexing weights, , of Eq. (6) through 
calibration of the two links (Roy et al, U.S. Pat. No. 5,546,090). Other methods for 
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estimating downlink weights are found in Barratt et ah, U.S. Pat. Application No. 
08/375,848. 

Having obtained for conventional channel k the downlink spatial 
signature, a k , and the spatial multiplexing weight vector, w k , the downlink signal 
5 power received by the new subscriber on conventional channel fc, S k , can be predicted 
as 

S?=\wfa?\ 2 • Et i- 14 

The downlink interference-plus-noise power level I k may be estimated 
by P k or P k , as described above. The choice of P k has the advantage of being 
10 minimally disruptive to existing subscribers, whereas. P k ' offers greater accuracy. An 
alternative method for estimating I k combines the advantages of P k and P k , at the 
. expense of more computations but without using a test interval. The method starts with 
the assumption that P k is known, and constructs a model for P k as: 

J 

15 where a k ' J is the downlink spatial signature on conventional channel k from base station 
j to the new subscriber whose multiplexing weights are unknown, N k is the contribution 

to received power from noise and interference, W k D } is the multiplexing weight matrix 

formed by column-wise concatenating the multiplexing weights of each active 
subscriber (expressed as a column vector) on conventional channel k and served by base 

20 station j, and the summation is computed over all base stations j for which the weight 
matrices {W k D j} and spatial signatures {a k ' J } are known. For example, {Wfj may 
consist of the weights of the active subscribers on channel k served by the same base 
station as that of the new call, and { a ) the corresponding transmit spatial signature on 
channel k from this base station to the new call. W k D ., the multiplexing weight matrix for 

25 active subscribers on channel k served by base station j which account for the presence 
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of the new subscriber, are then computed. There are many ways W k D j can be computed. 
For example, W k j may be formed as 

where ^ jis a matrix formed by column-wise concatenation of the known spatial 

5 signatures at base station j of the active subscriber on conventional channel fc, /is the 

pseudoinverse of \ . (see "Matrix Computations", Golub et al, The Johns Hopkins 

University Press, Baltimore, MD, 1983), S kJ is a diagonal matrix of the signal 

amplitudes (which may be zero if the subscriber is not communicating with base station 
j). Note that U.S. Patent Application No. 08/375,848 uses matrix and vector notations 
10 which differ from the notation used in the present invention. However, such differences 
will be clear from the context to those of ordinary skill in the art. 

In the illustrative embodiment, W^j may then be computed from 



VY k,j 
W* 



= S kJ [A kJ a?] Eq.17 



where af '' is the downlink spatial signature on conventional channel k from base station 
15 j to the new subscriber, S k y .is a diagonal matrix of transmit signal amplitudes, and w£. 



W D * 



The downlink 



is the submatrix formed by excluding the bottom row of 
interference-plus-noise power I k D may then be predicted as 

j 

Having obtained I k D by any of the three methods described above, and 
20 having computed S k from Eq. (14) for all conventional channels k> the predicted 

downlink signal-to-interference-noise-ratio for channel k (SINR) for each channel k is 
computed as 
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SINR?=S?/I? Eq. 19 

In one embodiment, the cost function for conventional channel k is 
' computed as /f . The new subscriber is assigned to the first conventional channel for 
which the computed cost function is acceptably low, or else to the conventional channel 
5 with the minimal cost. In an alternative embodiment, the cost function for any 

conventional channel k is computed as - SINR? , the negative of the predicted SENR on 
that channel. The new subscriber is assigned either to the first conventional channel for 
which the computed cost function is acceptably low, or else to the conventional channel 
with the minimal cost. 

10 The embodiments described in the preceding paragraph may be further 

constrained to only consider a particular conventional channel k as a candidate for 
assignment if one or more of the following conditions hold: 

(1) SINK? is greater than a prescribed threshold, typically set at or near the 
SINR required to maintain an acceptable bit-error-rate for connection 

15 between the subscriber station and the base-station; 

(2) the total transmit power on conventional channel k, including all active 
spatial channels, does not exceed the usable dynamic range of the base 
station RF power amplifier; and 

(3) the predicted downlink signal to interference and noise ratio, SINR? . 
20 experienced by each active subscriber, ?, on conventional channel k, if the 

new connection were to be assigned to conventional channel k, is greater 
than some prescribed threshold. 

The predicted downlink signal to interference and noise ratio for active 
subscriber j on conventional channel it, SINR^j may be computed as follows. The 
25 downlink received power for active subscriber i on conventional channel kis denoted by 
P kJ and can be modeled by 
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j 

where a£/ is the downlink spatial signature on conventional channel k from base station 
j to active subscriber i, . is the unmodeled contribution to received power from noise 
and interferers for active subscriber i on conventional channel k. Then for each base 
5 station j the predicted spatial multiplexing weight matrix W^j for conventional channel 

k that accounts for the presence of the new subscriber is computed. The column of the 
multiplexing weight matrix corresponding to active subscriber i on conventional channel 
k is denoted w^ .. The predicted downlink signal power s£. and the predicted downlink 

interference-plus-noise power /£, are computed as 
10 S°=\w?;aZf Eq.21 



The predicted downlink SINR of active subscriber j on conventional channel fc, SINR?; 
. is then computed as SINR?. = S£//£ . 

15 As previously mentioned, the effect of intermodulation distortion is an 

important consideration for wideband radio transmitters and receivers, and can be taken 
into consideration during channel assignment by two methods based on the crest factor 
of the composite RF signal: 

(1) augmenting the cost function for penalizing channel selections that are 

20 likely to make significant increases in intermodulation distortion as predicted 

by a significant increase in the crest factor; or 

(2) adding a constraint in the channel assignment process that prohibits the 
selection of any channel that causes the crest factor of the composite 
wideband RF signal to exceed a prescribed acceptable level. 
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For sake of clarity, in the ensuing discussion a wideband radio 
transmitter will be associated with the downlink channel and a wideband receiver with 
the uplink channel. Those of ordinary skill in the art will recognize that the channel 
assignment methods described herein which account for nonlinear distortion can be 

5 applied to a wideband transmitter or receiver employed on either uplink or downlink. In 
a wideband radio transmitter, intermodulation distortion levels are most severe when 
one or a few downlink channel carrier frequencies (sub-bands) are transmitting at much 
higher levels than the rest, because the intermodulation products tend to have prominent 
spectral peaks while composite wideband RF signals having more uniform spectral 

10 distributions tend to produce more uniform broadband intermodulation products. An 
analogous situation holds at a wideband radio receiver, wherein intermodulation 
distortion produced by RF mixers, low noise amplifiers, etc. tend to be the most severe 
if one or a few uplink channel carrier frequencies (sub-bands) have much higher 
received power levels than the rest. The crest factor, which is defined as a ratio of peak 

15 power in a given sub-band of a broadband signal to the power averaged over the total 
bandwidth of the composite RF signal, is a measure of magnitude of the offending 
spectral peaks. Because the assignment of spatial channels can significantly increase the 
transmit (received) power on a given downlink (uplink) conventional channel subcarrier 
by assigning multiple subscribers with different spatial signatures to the same 

20 conventional channel, the crest factor is an important tool for predicting intermodulation 
distortion. Also, a wideband radio system which uses TDMA can create large temporal 
power peaks during some time slots due to the subscriber channel assignments. Both 
spectral and temporal cresting are important considerations. 

For a combined TDMA/FDMA wideband radio, control of 
25 intermodulation distortion due to temporal and frequency cresting is based on predicting 
the crest factor that would result by assigning a subscriber to a particular downlink or 
uplink conventional channel, time slot, and spatial channel. The uplink (downlink) 
temporal crest factor, C„ during uplink (downlink) time slot i is defined as 
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where L is the number of uplink (downlink) carrier frequencies, d Xt \ is the number of 
spatial channels on uplink (downlink) carrier frequency / and on uplink (downlink) time 
slot /, and P t jj is the receive (transmit) power of a subscriber on uplink (downlink) 
carrier frequency /, uplink (downlink) time slot r, and uplink (downlink) spatial channel 
5 j. Let the maximal uplink (downlink) crest factor over uplink (downlink) timeslots i be: 

max 

C rai = . C, Eq.24 

In the preferred embodiment, the maximal uplink (downlink) crest factor, 
» ma y be used by any of the previously described uplink (downlink) channel 
assignment methods as an additional constraint, by comparing its value with a 
10 prescribed threshold level, and prohibiting the channel selection if the threshold level is 
exceeded. The prescribed threshold level is obtained by measuring the intermodulation 
distortion level of the particular MCPA as a function of crest factor, in the case of the 
downlink; or by measuring the intermodulation distortion level of the aggregate analog 
receiver chain, in the case of the uplink. 

15 Alternatively, the cost function c k for conventional channel k as 

computed by any previously described channel assignment method may be augmented 
by the crest factor as follows: 

c' k =c k +XC^ % Eq.25 

where A is a user-defined constant that determines the relative importance of the crest 
20 factor C max with respect to c k . 

While the description for the consideration of intermodulation distortion 
in channel assignment has been in terms of a combined TDMA/FDM A system, the 
invention is equally applicable to pure TDMA or FDMA systems, which may be treated, 
as special cases of the combined system. 

25 Fig. 3(a) is a flow diagram of the Weighted Correlation method 300 for 

channel assignment as previously described. In step 301, the channel index k is 
initialized. The hardware resources for conventional channel k are checked in step 302, 
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and, if not adequate, the channel index is incremented in step 309 and the process 
returns to step 302. If the hardware resources are adequate, the receive spatial signature 
of the new subscriber on candidate channel k is estimated or else obtained from a 
database in step 303. The co variance matrix is computed in step 304 using the methods 

5 of Figs. 3(b) or 3(c). The cost function for conventional channel k is computed in step 
305 in accordance with Eq. (1), using the spatial signature of the new subscriber from 
step 303 and the covariance matrix from step 304. In step 306, conventional channel k is 
checked to see if any additional constraints (e.g., the computed cost is below a 
prescribed threshold, and/or the uplink maximal crest factor is less than a prescribed 

10 threshold) are satisfied and, if not, the process goes to step 308. Otherwise, conventional 
channel k is added to a candidate list of channels to be considered for assignment in step 
307. If, in step 308, all channels have been examined, the process moves to step 310. 
Otherwise, the process returns to step 309 to increment the channel index and for 
another iteration through steps 302-308. Step 310 checks if the candidate list has any 

15 candidate channels and, if not, the call is not assigned at this base station in step 3 1 1, 

that is, no assignment is made. Otherwise, a best channel k is selected in step 312. In one 
embodiment, the best channel is any channel with a cost that is less than a prescribed 
minimum, e.g., the first channel found to have a cost less than the prescribed minimum. 
(For example, the prescribed minimum can be chosen as a cost level that corresponds to 

20 a maximum allowable bit error rate between a subscriber and base station.) In the 

preferred embodiment, the best channel is the minimal cost channel. If, in step 313 , it is 
determined that selected channel k is not in use within the cell, conventional channel k is 
assigned to the new subscriber in step 314. If conventional channel k is in use by a 
subscriber within the cell, a spatial channel, using conventional channel fe, is assigned to 

25 the new subscriber in step 315. 

Fig. 3(b) is a flow diagram for the unstructured method 370 for 
estimating the sample covariance matrix . In step 371, measurements are made of 
the base station received signal vectors, [z {k) (/)} , from the antenna array for each 
conventional channel fc, and in step 372 the estimate, , is computed using Eq. (2). 
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Fig. 3(c) is a flow diagram of the structured method 350 for estimating 
the sample covariance matrix . In step 35 1, the transmit (TX) powers of the active 
co-channel subscribers for each conventional channel are retrieved from a database or 
else measured. In step 352, the spatial signatures of co-channel active subscribers are 

5 estimated. In step 353, the quantity A[R { ^ A k is computed where A k and R ( * } areas 
defined above with respect to Eq. (3). In step 354, the noise-plus-interference covariance 
matrix, , may be estimated by measuring the received noise and intercell interference 
signal at each antenna element receiver or by using the spatial signatures and transmit 
powers of all active subscribers outside of the base station cell, if available, as described 

10 previously with respect to Eq. (4). The structured estimate of the sample covariance 
matrix R™ is then computed in step 355 by using Eq. (3). 

Fig. 4 is a flow diagram of Predictive Channel Assignment Method 400 
in which it is assumed that the covariance matrix for each conventional channel k, R^\ 
its inverse, (Z?^)" 1 , the new subscriber transmit power, r ss , and the new subscriber 
15 spatial signature, a k , are known. The channel index is initialized (fc=l) in step 401. In 
step 402, channel k is checked for the required hardware resources and if not adequate, 
the channel index is incremented in step 41 1 and the process returns to step 402. 

Otherwise, the existing covariance matrix, R™ , is updated to R™ in step 403 by, 
including the predicted effects of the presence of the new subscriber in accordance with 

20 Eq. (5). In step 404, the inverse matrix (R^)' 1 is computed in accordance with Eq. (7) 
and is then used in step 405 to compute the SDMA demultiplexing weights, w k , in 
accordance with Eq. (6). In step 406, the predicted received uplink power, S k , 
interference, I k , and SINR that would result if the new connection were to be assigned 
to conventional channel k are computed for all conventional channels using Eqs. (8), (9) 

25 and (10), respectively. In step 407, a cost is computed ( such as c k = I k or - SINR k ). In 
step 408, conventional channel k is checked to see if any additional constraints are met. 
In one embodiment, the constraint includes the predicted SINR of the new connection 
being greater than a prescribed threshold. Additionally, a further constraint may include 
the predicted SINRs of active calls on conventional channel k, computed using Eqs. 
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(11), (12) and (13), also exceeding some prescribed threshold. An optional constraint of 
the uplink maximal crest factor being less than some prescribed threshold may also be 
imposed. If any of the constraints are not satisfied, the process goes to step 410. 
Otherwise, conventional channel k is added to the candidate list in step 409. In step 410, 

5 a check is made as to whether all conventional channels have been processed and, if not, 
the channel index is incremented in step 41 1 and the process iterates through steps 402- 
410. Otherwise, a check is made in step 412 to determine if the candidate list is empty 
and, if so, the new connection at this base station is left unassigned (step 413). If the 
candidate list is not empty, a selection is made in step 414 of the channel satisfying the 

10 prescribed requirement for best channel (as previously discussed). If, in step 415, it is 
found that selected channel k is in use within the cell, a spatial channel using 
conventional channel k is assigned to the new connection in step 417. Otherwise, 
conventional channel k is assigned to the new connection in step 416. 

Fig. 5 is a flow diagram for Hierarchical Method 500 for uplink channel 
15 assignment. In step 501, the Weighted Correlation Assignment Method 300, steps 301- 
309 are invoked for producing a set of candidate channels together with their costs. In 
step 502, a subset of low cost conventional channels is selected from the set of all 
candidates. In step 503, Predictive Assignment Method 400 is applied to the subset of 
conventional channels provided by step 502 for selecting the best conventional channel 
20 for assignment. 

Fig. 6 is a flow diagram of Downlink Channel Assignment Method 600, 
as described previously. The channel index, fc, is initialized in step 601. In step 602, a 
determination is made as to whether or not channel k has the required hardware 
resources, and, if not, the process increments the channel index in step 603 and then 

25 returns to step 602 for another iteration. Otherwise, in step 604, the new subscriber 
reports received powers level for each conventional channel k to the base station. The 
measurement of the received power may optionally be performed during a test interval, 
as previously described. The base station, in step 605, determines the downlink 
interference-plus-noise power level, /f , by any of the three methods described earlier. 

30 In step 606, an option is exercised: if downlink channel assignment is to be based on 
predicting SINR levels, the process moves to step 609; otherwise, the process moves to 
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step 611. The base station, in step 609 estimates the downlink received power level, , 
from Eq. (14) using the spatial signature a k and multiplexing weights u>f of the new 
subscriber on conventional channel k. The cost is computed in step 610 as 
c k = -S? 1 1? , i.e., the negative of SINR? defined in Eq. (19). If the SINR option is not 

5 selected in step 606, a cost based on interference-plus-noise is computed, i.e., c k = /f . 
In step 612, a determination is made as to whether all constraints are satisfied by 
channel k. In one embodiment, the constraint includes the predicted. SINR of the new 
connection being greater than a prescribed threshold. Additionally, a further constraint 
may include the predicted SINRs of active calls on conventional channel k also 

10 exceeding some prescribed threshold. An optional constraint may also be imposed of the 
downlink maximal crest factor being less than some prescribed threshold. See the above 
equations for calculation of SINF^^ov details for the different alternatives for the 
determination of step 612. If in step 612, any of the constraints are not satisfied, the 
process goes to step 614. Otherwise, the process goes to step 613 where channel k is 

15 added to the candidate channel list. If, in step 614, it is determined that all channels have 
not been considered, the process goes to step 603. Otherwise, a check is. made in step 
615 to determine if the candidate list is empty and, if so, the new call is left unassigned 
at this base station (step 616). If the candidate list is not empty, a selection is made in 
step 617 of the channel satisfying the prescribed requirement for best channel (as 

20 previously discussed). If, in step 618, it is found that selected channel k is in use within 
the cell, a spatial channel using conventional channel k is assigned to the new subscriber 
in step 620. Otherwise, conventional channel k is assigned to the new subscriber in step 
619. 

Because many practical systems impose a fixed relationship between the 
25 uplink and downlink of a full-duplex conventional channel assignment, it is necessary to 
define a method for joint uplink-downlink channel assignment. This is accomplished by 
selecting a subset of those uplink and downlink pairs that satisfy both the uplink 
assignment constraints (Figs. 3(a-c), 4, and 5, and as previously described) and the 
downlink assignment constraints (Fig. 6 and as previously described). For example, this 
30 may mean selecting those full-duplex channels with estimated uplink and downlink 
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SINRs that are above the prescribed thresholds and that satisfy the crest factor 
constraint. From this subset of uplink/downlink pairs, an uplink cost, , and a 
downlink cost, cf , is computed for each pair and then combined to form a single 
uplink/downlink cost. As is well known to those skilled in the art, there are many 
5 possible ways to combine the individual uplink or downlink costs of a given pair of 
uplink and downlink costs. For example, the weighted sum (c^ + Acf ), where A is a 
relative scaling factor, can be used for the joint cost, or the weighted product 
c k ( c k) Y > where 7 is a relative exponential weighting factor, can be used. A reasonable 
joint cost function, the uniformly weighted (7 = 1) joint product cost function is 

10 c = c v k -cf Eq. 26 

(Because of the many possible choices available for combining the uplink and downlink 
costs, it is noted that the concept of creating a joint cost is important rather than the 
specific form of the joint cost function selected.) Having created a joint cost for each 
full-duplex channel pair in the selected subset, the full-duplex channel with either an 
15 acceptably low joint cost or the minimum joint cost is selected for assignment. 

All of the channel assignment methods previously described may be 
applied to either a set of candidate conventional channels associated with any particular 
base station or else a set of candidate conventional channels associated with a 
multiplicity of base stations. In the latter embodiment, the channel assignment method 
20 automatically performs the selection of a base station for the new connection in the 
process of selecting a conventional channel for the call. This can be achieved either by 
assigning the channel and associated base station that provide the best cost from all 
candidate channels at all associated base stations or sequentially carrying out the 
channel assignment at candidate channels until a conventional channel is assigned. 

25 Channel reassignment may be necessary if a newly admitted call 

experiences communication quality problems, or if an in-progress call experiences an 
unacceptable reduction in quality due to a change in its RF environment. The channel 
reassignment process is the same as for initial channel assignment, except that the 
conventional channel the subscriber wishes to be reassigned from is removed from the 



WO9830Q47 ffile://V:\lnternational\Singapore Na'tio nal\2008\S G20 0807476-7\WO9830047.c pc] Pag e 36 of 63 

O 

WO 98/30047 PCT/US97/23731 

34 

list of candidate channels prior to the selection process. With this modification, all of 
the methods thus described for channel assignment are also applicable to channel re- 
assignment. 

Call admission control is the decision process for admitting or not 

5 admitting a new connection. It may be necessary to not assign a new connection if the 
system load is very high such that admitting a new connection may have a significant 
negative impact on the quality of the existing connections in the system. For any of the 
previously described channel assignment methods, the determination as to whether the 
assignment of a new connection to any particular channel will have a significant 

10 negative impact on'existing connections can be done by checking the constraints of the 
particular channel assignment method. If the constraints can be met for the new 
connection on conventional channel fc, then this channel is a candidate for assignment. 
Otherwise, channel k is not permissible for assignment. Call admission control is 
accomplished by checking the constraints for all or a subset of conventional channels, 

15 and if no channel satisfying the constraints of the particular channel assignment method 
can be found, then not assigning the new connection. Hence, all of the previously 
described channel assignment methods are also applicable for admission control. 
Additionally, an alternate method which can be applied independently of any channel 
selection method may also be used. Fig. 7, a flow diagram for Call Admission Control 

20 Method 700, summarizes the different methods. 

The first method, appropriate when the Weighted Correlation channel 
assignment is used, begins at step 701 where a cost threshold value is established which 
is compared with the expected cost, c* , of a selected channel k, in step 702. If the cost 
threshold is not exceeded, channel k is assigned in step 703. If the cost threshold is 
25 exceeded, the assignment of channel k is left unassigned in step 704. 

The second method, appropriate when the Uplink Predicted Quality or 
Downlink Predictive method for channel assignment is used, begins at step 721 (Fig. 7) 
where a SINR threshold level is assigned. In step 722, the SINR of the conventional 
channel selected for assignment is compared with the threshold and, if less than the 
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threshold, the selected channel is assigned in step 723. Otherwise, the selected channel 
assignment is left unassigned in step 724. 

The third method, appropriate for any assignment method and SDMA 
and non-SDMA systems, begins at step 71 1 of Fig. 7 where a load threshold is assigned. 

5 In step 712, the cell system load is measured and then, in step 713, compared with the 
load threshold. If load threshold is not exceeded, the selected channel is assigned in step 
714. If the load threshold is exceeded, all conventional channels are left unassigned in 
step 7 15 until the system load falls below the load threshold value. A method for 
measuring system load is by monitoring the rate of intercell handoffs, or the rate of 

10 channel reassignments (intracell handoffs), that is experienced by the cell. A moving 
time average of the rate of handoffs to other cells, or the rate of channel reassignments 
within the cell, can be used for smoothing the stochastic behavior of these events. 

Fig. 7 describes the assignment locally, that is, at one base station. 
Recalling that overall assignment may be carried out either sequentially or by "joint 

15 optimization," when the assignment is carried out sequentially among all candidate 
conventional channels at all associated base stations, steps 704, 715, and 724 would 
each be followed by a channel assignment process at the next base station, and such a 
process would be repeated at different base stations until a conventional channel and 
associated base station are found, or the call is left unassigned. When the assignment is 

20 carried out by joint optimization, that is, by assigning the channel and associated base 
station that provide the best cost from all candidate channels at all associated base 
stations, then the assignment steps in Fig. 7 would be modified to carry out assignment 
of both the conventional channel and the associated base station, and how to carry out 
such modification to the flow diagram of Fig. 7 would be clear to those of ordinary skill 

25 in the art. 

The methods described above were, for sake of clarity in the description, 
limited to specific wireless cellular communication systems and embodiments but, for 
those of ordinary skill in the art, the application of these inventions to other similar 
communication systems, such as wireless local area networks, and to other variations on 
30 the embodiment will become evident to those practicing the art from the descriptions 
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provided without departing from the spirit and scope of the invention which should only 
be limited as set forward in the claims that follow. 
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CLAIMS 



What is claimed is: 

1 1. A channel assignment method for use in a wireless communication system for 

2 establishing an uplink connection between a new subscriber station requesting an 

3 uplink connection and a base station, and for a base station reassigning an existing 

4 connection to a subscriber station, the base station assigning a conventional channel 

5 to the subscriber station based on a cost function that is indicative of the uplink 

6 interference that may be realized by assigning a conventional channel, and for 

7 controlling interference from existing connections by selecting a conventional 

8 channel with an acceptably low cost, the method comprising: 

9 (a) creating a cost function that is indicative of the interference level expected 

10 from existing connections on each conventional channel; 

1 1 (b) computing a cost for each conventional channel by using the cost function; 

12 and 

13 (c) assigning a conventional channel to the subscriber station by selecting a 

14 conventional channel with a cost that is less than a prescribed cost threshold. 

1 2. The method of claim 1 further comprising the step of assigning a spatial channel to 

2 the assigned conventional channel if the assigned conventional channel is in use. 

1 3. The method of claim 1 wherein the assigned conventional channel has a minimal 

2 cost. 

1 4. The method of claim 1 wherein the cost function is a quadratic function of the 

2 uplink spatial signature of the subscriber station. 

1 5. The method of claim 4 wherein the cost function is a weighted quadratic function 

2 of the uplink spatial signature of the subscriber station. 

1 6. The method of claim 5 wherein the cost function is weighted by a sample 

2 covariance matrix of the base station antenna array received vector signal for a 

3 conventional channel. 
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l 7. The method of claim 1 wherein the cost function, c*, is computed as 

3 where a* is the conventional channel k uplink spatial signature of the subscriber 

4 station, and is a sample covariance matrix of the base station antenna array 

5 response on channel k. 

1 8. The method of claim 7 wherein the sample covariance matrix, , is estimated 

2 as an average from the received signal vectors, z ik) (0 , at the base station antenna 

3 array on conventional channel k, where i is a received signal vector sample index, as 

1 9. The method of claim 7 wherein the sample covariance matrix, , is estimated 

2 as 

3 R«> = A t R» ) A;+R nn 

4 where Ak is a collection of spatial signatures formed by column-wise concatenation 

5 of all spatial signatures of subscriber stations actively communicating with the base 

6 station on conventional channel k y R^ is a covariance matrix whose diagonal 

7 elements are average transmit powers of subscribers communicating with the base 

8 station, and R^J is a noise-plus-interference covariance matrix of the base station 

9 antenna array received signals. 

l 10. The method of claim 9 wherein R^ is estimated as 

3 where A° is a collection of spatial signatures of subscriber stations not 

4 communicating with the base station and is formed by column-wise concatenation of 
5. the spatial signatures on conventional channel k, and R^ is a covariance matrix 

6 whose diagonal elements are the average transmit signal powers of subscriber 

7 stations not communicating with the base station, a 2 is an estimated receiver noise 

8 power, and / is an identity matrix. 
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1 11. The method of claim 1 wherein step (a) for creating a cost function is based on at 

2 least one uplink received signal quality factor selected from the group consisting of a 

3 received uplink signal level, a signal-to-interference-plus-noise ratio, an 

4 interference-plus-noise level, an intermodulation noise level, or a crest factor. 

1 12. A channel assignment method for use in a wireless communication system for 

2 establishing an uplink connection from a new subscriber station requesting an uplink 

3 connection to a base station, and for reassigning an existing connection to a 

4 subscriber station, by assigning a conventional uplink channel to the new subscriber 

5 station based on a system model for predicting expected uplink signal quality levels 

6 on each conventional channel from existing connections, and for controlling 

7 interference from existing connections by selecting a conventional channel with an 

8 acceptable predicted quality level, the method comprising: 

9 (a) creating a model of the wireless communication system for predicting an 

10 uplink received signal quality level on each conventional uplink channel based 

1 1 upon existing connections; 

12 (b) predicting the uplink received signal quality on each uplink conventional 

13 channel based upon the model and upon existing connections; 

14 (c) computing a predicted cost for each uplink conventional channel, based on the 

15 predicted received signal quality using a prescribed cost function; and 

16 (d) assigning an uplink conventional channel to the new subscriber station that 

17 has a predicted cost that is less than a prescribed cost level. 

1 13. The method of claim 12 further comprising the step of assigning a spatial channel 

2 to the assigned conventional channel if the assigned conventional channel is in use, 

3 and if the wireless communication system supports more than one spatial channel 

4 per conventional channel. 

1 14. The method of claim 12 wherein the predicted received signal quality is based on 

2 predicting an uplink interference-plus-noise level. 

1 15. The method of claim 12 wherein the predicted received signal quality is based on 

2 predicting a received signal to interference-plus-noise ratio (SINR)'. 
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1 16. The method of claim 12 wherein the prescribed cost level corresponds to a 

2 minimal acceptable received bit error rate. 

1 17. The method of claim 12 wherein the assigned uplink conventional channel has a 

2 predicted minimal cost level. 

1 18. The method of claim 12 wherein step (d) further requires that the assigned 

2 conventional channel have a SINR level that is greater than a prescribed minimal 

3 value. 

1 19. The method of claim 12 wherein step (a) for creating a model of the wireless 

2 communication system further comprises: 

3 (i) updating a covariance matrix of received uplink signals, , 

4 representative of received uplink signals at the base station before assigning 

5 channel k by predicting an updated covariance matrix, R[ k) , representative of 

6 received uplink signals that would result if the new subscriber were to be 

7 assigned to channel k, where = R^ } + ci k r s [ k) a* k , a k is the uplink spatial 

8 signature of the new subscriber on conventional channel k, and r^ k) is a 

9 scalar representative of the new subscriber transmitted power on 

10 conventional channel k\ and 

11 (ii) computing an uplink spatial demultiplexing weight vector, w k , where 

12 W k ~\ K u > a k r ss ' 

1 20. The method of claim 19 wherein the updated inverse covariance matrix, {r { J } ) 1 , 

2 is obtained from the expression 

1 21. The method of claim 12 wherein step (b) for predicting the uplink received signal 

2 quality level on channel k comprises: 

I 1 2 

3 (i) predicting uplink received signal power as S k =\w k *a k \ r s ( s k) ; 
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4 (ii) predicting uplink interference-plus-noise power for the new subscriber as 

5 I" =w u k *R« ) w» ; and 

6 (iii) predicting the uplink SINR for channel k as SINR k = Sj? I l v k . 

1 22. The method of claim 12 further comprising a constraint for only permitting 

2 assignment of a conventional channel if the assignment results in a predicted uplink 

3 SINR for all active subscribers using the conventional channel which exceeds a 

4 prescribed SINR level. 

1 23. The method of claim 12 wherein the predicted cost is based on at least one set of 

2 predicted uplink received signal quality factors selected from the group consisting of 

3 received uplink signal levels, interference-plus-noise levels, intermodulation noise 

4 levels, and crest factor values. 

1 24. A channel assignment method for use in a wireless communication system, for 

2 establishing an uplink connection from a new subscriber station requesting an uplink 

3 connection to a base station, and for reassigning an existing connection to a 

4 subscriber station, by assigning a conventional channel to the subscriber station 

5 based on using a cost function that is indicative of the interference that may be 

6 experienced on each uplink conventional channel for computing a cost for assigning 

7 any conventional channel, and for controlling interference from existing connections 

8 by selecting a subset of conventional channels with an acceptably low cost, and also 

9 by assigning a conventional channel to the subscriber station from the selected 

10 subset by predicting expected uplink interference levels on each conventional 

1 1 channel from existing connections by use of a system model, and for controlling 

12 interference from existing connections by selecting a conventional channel with an 

13 acceptably low interference level, the method comprising: 

14 (a) creating a first cost function that represents the interference expected from 

15 existing connections on each conventional uplink channel; 

16 (b) computing a first cost for each conventional uplink channel; 
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17 (c) selecting a subset of conventional uplink channels by selecting all 

18 conventional uplink channels with a first cost that is less than a prescribed first 

19 cost level; 

20 (d) creating a model of the wireless communication system for predicting an 

21 uplink received signal quality level on each conventional uplink channel based 

22 upon existing connections; 

23 (e) creating a second cost function representative of the predicted uplink received 

24 signal quality and based upon the model and upon existing connections; 

25 (f) predicting the uplink received signal quality level on each conventional uplink 

26 channel of the subset based upon the second cost function; 

27 (g) computing a second cost using the second cost function for each conventional 

28 uplink channel of the subset; and 

29 (h) selecting a conventional uplink channel that has a predicted second cost that 

30 is less than a prescribed second cost level for assignment to the new subscriber 

31 station. 

1 25. The method of claim 24 further comprising the step of assigning a spatial channel 

2 to the assigned conventional uplink channel if the assigned conventional uplink 

3 channel is in use, and if the wireless communication system supports more than one 

4 spatial channel per conventional channel. 

1 26. The method of claim 24 wherein the prescribed first and second cost levels 

2 correspond to a prescribed maximal received uplink bit error rate level. 

1 27. The method of claim 24 wherein step (h) further requires that the assigned 

2 conventional channel have a SINR level that is higher than a prescribed SINR level. 

1 28. The method of claim 24 further providing that if the wireless communication 

2 system uses power control when establishing an uplink connection, a conventional 

3 uplink channel is selected for assignment that has a SINR level greater than a 

4 prescribed SINR level. 

1 29. The method of claim 24 wherein step (e) for creating a second cost function 

2 comprises creating a cost function based on at least one set of uplink received signal 
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3 quality factors selected from the following list: received uplink signal power levels, 

4 interference-plus-noise levels, intermodulatibn noise levels, and crest factor values. 

1 30. A channel assignment method for use in a wireless communication system for 

2 establishing a downlink connection between a base station and a new subscriber 

3 station by assigning, to the base station, a downlink conventional channel based on 

4 achieving an acceptable cost level using a cost function based on a downlink noise- 

5 plus-interference level from existing connections, the method comprising: 

6 (a) estimating, at the base station, the downlink received interference-plus-noise 

7 level that would result for each existing conventional channel if the new 

8 subscriber was assigned to a given downlink conventional channel; 

9 (b) computing, at the base station, a cost for each existing downlink conventional 

10 channel using a prescribed cost function based on the estimated downlink 
n received interference-plus-noise levels; and 

12 (c) assigning, at the base station, a conventional downlink channel that has a 

13 computed cost that is less than a prescribed value. 

1 31. The method of claim 30 further comprising the step of assigning a spatial channel 

2 to the assigned conventional downlink channel if the assigned conventional 

3 downlink channel is in use, and if the wireless communication system supports more 

4 than one spatial channel per conventional downlink channel. 

1 32. The method of claim 30 wherein step (c) further comprises selecting a downlink 

2 channel that has a minimal computed cost. 

1 33. The method of claim 30 wherein step (a) further comprises: 

2 (i) measuring, at the subscriber station, downlink received signal levels on 

3 each downlink channel and reporting the downlink received signal levels to 

4 the base station; 

5 (ii) estimating, at the base station, the downlink received interference-plus- 

6 noise levels from the reported downlink signal levels of step (i); 

1 34. The method of claim 33 wherein step (i) further comprises each subscriber 

2 station, when not actively engaged in a call, periodically measuring the downlink 
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3 received signal level on each conventional channel and reporting the downlink 

4 received signal levels to the base station when necessary. 

1 35. The method of claim 33 wherein the downlink received interference-plus-noise 

2 levels is estimated as being the reported downlink received signal levels. 

1 36. The method of claim 30 wherein step (a) for estimating downlink received 

2 interference-plus-noise levels on each downlink channel comprises the following 

3 steps: 

4 (i) adjusting, at the base station, each existing subscriber's downlink 

5 multiplexing weights as if the new subscriber was assigned to a given 

6 conventional channel; 

7 (ii) measuring, at the new subscriber station, the downlink received signal 

8 . level on the given channel after step (i) and reporting the downlink received 

9 signal level to the base station; 

10 (iii) predicting, at the base station, a downlink interference-plus-noise level 

11 from the downlink received signal level of step (ii); and 

12 (iv) readjusting, at the base station, each existing subscriber's downlink 

13 multiplexing weights as if the new subscriber was not assigned to the given 

14 conventional channel. 

1 37. The method of claim 30 wherein step (a) for estimating a downlink received 

2 interference-plus-noise level, /*, for each existing channel k comprises, modeling the 

3 downlink received interference-plus-noise level, as a sum of the noise 

4 contribution, N k , and a predicted second interference signal level that would result 

5 if the new subscriber was to be assigned to channel k, estimating the noise 

6 contribution N k as a signal level difference between a measured downlink received 

7 signal level, P k , on channel k and a computed first interference signal level due to all 

8 base stations using channel k. 

1 38. The method of claim 37 wherein the computed first interference signal level is 

2 computed as Sll^*?/ a * > ' I » where W k D * = S kJ A kJ f , S kJ is a diagonal matrix of 

j 
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3 base station j transmitted signal amplitudes, A k } is a column-wise concatenated 

4 matrix of known downlink spatial signatures at base station j for conventional 

5 channel jfc, A kJ * represents the pseudoinverse of A kj , and a k D,J is a downlink spatial 

6 ' signature for conventional channel k from base station j. 

1 39. The method of claim 37 wherein the predicted second interference signal level 

2 for channel k is computed as S|^ft?/ a * >,/ | 1 w ^ere k '* = S k j^A k J af , '] t i [•] * 

J L W J 

3 represents a pseudoinverse operation, S kJ is a diagonal matrix of transmit signal 

4 amplitudes, A k j is a column-wise concatenated matrix of known downlink spatial 

5 signatures at base station j, a k D,J is a downlink spatial signature for conventional 

6 channel k from base station j for conventional channel k, and w* is the bottom row 

7 of matrix S^A^a^Y' 

1 40. The method of claim 30 further comprising a step for assigning a selected 

2 downlink conventional channel only if it is expected to result in an acceptable 

3 downlink received signal quality for each active subscriber using the selected 

4 conventional channel based upon at least one downlink quality factor selected from a 

5 group consisting of: predicted cost ; predicted total base station transmitter power; 

6 predicted intermodulation distortion level; predicted interference-plus-noise level; 

7 and predicted signal to interference-plus-noise ratio . 

1 41. The method of claim 40 wherein the predicted intermodulation distortion level is 

2 obtained by computing a crest factor for each downlink conventional channel, the 

3 crest factor value being indicative of an intermodulation distortion level that would 

4 result if a given downlink conventional channel were to be assigned. 

1 42. A channel assignment method for use in a wireless communication system for 

2 establishing a downlink connection between a base station and a new subscriber 

3 station by assigning, to the base station, a downlink conventional channel based on 

4 achieving an acceptable cost level using a cost function based on a downlink signal 
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5 to noise-plus-interference (SINR) level from existing connections, the method 

6 comprising: 

7 (a) estimating, at the base station, the downlink received SINR level that would 

8 result for each existing conventional channel if the new subscriber were to be 
.9 assigned to a given downlink conventional channel; 

10 (b) computing, at the base station, a cost for each existing downlink conventional 

1 1 channel using a prescribed cost function based on the estimated downlink 

12 received SENR level; and 

13 (c) assigning, at the base station, a downlink channel that has a computed cost 

14 that is less than a prescribed value. 

1 43. The method of claim 42 further comprising the step of assigning a spatial channel 

2 to the assigned conventional downlink channel if the assigned conventional 

3 downlink channel is in use, and if the wireless communication system supports more 

4 than one spatial channel per conventional downlink channel. 

1 44. The method of claim 42 wherein the prescribed cost function of step (b) is based 

2 on SINR? , an estimated downlink signal to interference-plus-noise ratio for each 

3 channel k, where SINR? = S? 1 1? , S? = \w?^a? | 2 , wf is the downlink 

4 multiplexing weight for the new subscriber on channel k, a? is the downlink spatial 

5 signature of the new subscriber on channel k, and 1? is an estimated interference- 

6 plus-noise level. 

1 45. The method of claim 42 wherein step (c) further comprises selecting a downlink 

2 channel that has a minimal computed cost. 

1 46. The method of claim 42 wherein step (a) further comprises: 

2 (i) measuring, at the subscriber station, downlink received signal levels on 

3 each downlink channel and reporting the downlink received signal levels to 

4 the base station; 

5 (ii) estimating, at the base station, the downlink received interference-plus- 

6 noise level from the reported downlink signal levels of step (i). 
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1 47. The method of claim 46 wherein step (i) further comprises each subscriber 

2 station, when not actively engaged in a call, periodically measuring the downlink 

3 received signal level on each conventional channel and reporting the downlink 

4 received signal levels to the base station when necessary. 

1 48. The method of claim 42 wherein step (a) for estimating downlink received 

2 interference-plus-noise levels on each downlink channel comprises the following 

3 steps: 

4 (i) adjusting, at the base station, each existing subscriber's downlink 

5 multiplexing weights as if the new subscriber was assigned to a given 

6 conventional channel; 

7 (ii) measuring, at the new subscriber station, the downlink received signal 

8 level on the given channel after step (i) and reporting the downlink received 

9 signal level to the base station; 

10 (iii) predicting, at the base station, a downlink interference-plus-noise level 

11 from the downlink received signal level of step (ii); and 

12 (iv) readjusting, at the base station, each existing subscriber's downlink 

13 multiplexing weights as if the new subscriber were not assigned to the given 

14 conventional channel. 

1 49. The method of claim 42 wherein step (a) for estimating a downlink received 

2 interference-plus-noise level, /*, for each existing channel k comprises, modeling the 

3 downlink received interference-plus-noise level, /*, 'as a sum of the noise 

4 contribution, N k , and a predicted second interference signal level that would result 

5 if the new subscriber was to be assigned to channel k, estimating the noise 

6 contribution N k as a signal level difference between a measured downlink received 

7 signal level, P*, on channel k and a computed first interference signal level due to all 

8 base stations using channel k. 

l 50. The method of claim 49 wherein the computed first interference signal level is 

W k D J.a k ' J , where W k D J = S k } A t y f , S kj is a diagonal matrix of 
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3 base station j transmitted signal amplitudes for conventional channel k, A kJ is a 

4 column-wise concatenated matrix of known spatial signatures at base station j for 

5 conventional channel fe, A k . r represents the pseudoinverse of A kJ , and a k D,j is a 

6 downlink spatial signature for conventional channel k from base station j. 

l 51. The method of claim 49 wherein the predicted second interference signal level 



for channel k is computed as ^ P^*flf ' ; 



2 

, where 



3 represents a pseudoinverse operation, S k ■ is a diagonal matrix of transmit signal 

4 amplitudes, A A . is a column-wise concatenated matrix of known downlink spatial 

5 signatures at base station j for conventional channel fc, a k DJ is a downlink spatial 

6 signature for conventional channel k from base station j, and w* is the bottom row 

7 of matrix ^[a, .a?'* ] \ 

1 52. The method of claim 42 further comprising a step for assigning a selected 

2 downlink conventional channel only if it is expected to result in an acceptable 

3 downlink received signal quality for each active channel based upon at least one 

4 downlink quality factor selected from a group consisting of: cost for new call; total 

5 base station transmitter power; predicted intermodulation distortion level; predicted 

6 interference-plus-noise level on each active channel; and predicted signal to 

7 interference-plus-noise ratio on each active channel. 

1 53. The method of claim 52 wherein the predicted intermodulation distortion level is 

2 obtained by computing a crest factor for each downlink conventional channel, the 

3 crest factor value being indicative of an intermodulation distortion level that would 

4 result if a given downlink conventional channel were to be assigned. 

1 54. A method for assignment of a full-duplex channel in which a duplex channel is 

2 selected from a set of duplex channels wherein each duplex channel of the set 

3 provides acceptable quality uplink communications, and the downlink channel 

4 assignment is made in accordance with existing rules of the system, the method 

5 comprising: 
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6 (a) creating a cost function that is indicative of a lack of communications quality 

7 expected from existing connections on each conventional uplink channel; 

8 (b) computing a cost for each conventional uplink channel by using the cost 

9 function; 

10 (c) assigning an uplink conventional channel by selecting a conventional uplink 
n channel with a cost less than a prescribed cost level; and 

12 (d) selecting a downlink channel in accordance with existing rules of the 

13 communication system. 

1 55. The method of claim 54 wherein the full duplex channel assignment is made in 

2 accordance with the Personal Handyphone System (PHS) standard. 

1 56. A method for assignment of a full-duplex channel in which a duplex channel is 

2 selected from a set of duplex channels wherein each duplex channel of the set 

3 provides acceptable quality downlink communications, and the uplink channel 

4 assignment is made in accordance with existing rules of the system, the method 

5 comprising: 

6 (a) creating a cost function that is indicative of a lack of communications quality 

7 expected from existing connections on each conventional downlink channel; 

8 (b) computing a cost for each conventional downlink channel by using the cost 

9 function; 

10 (c) assigning an uplink conventional channel by selecting a conventional 

11 downlink channel with a cost less than a prescribed cost level; and 

12 (d) selecting a uplink channel in accordance with existing rules of the 

13 communication system. 

1 57. A method for assignment of a full-duplex channel in which a duplex channel is 

2 selected from a set of duplex channels wherein each duplex channel of the set 

3 provides acceptable quality downlink and uplink communications, the method 

4 comprising: 
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5 (a) creating a cost function that is indicative of a lack of communications quality 

6 expected from existing connections on each conventional duplex channel; 

7 (b) computing a cost for each conventional duplex channel by using the cost 

8 function; and 

9 (c) assigning a conventional duplex channel by selecting a conventional duplex 

10 channel with a cost less than a prescribed cost level. 

1 58. A call admission control method, based on an interference cost function, for use 

2 in a wireless communication system for controlling admission of a connection for a 

3 new subscriber station, the method comprising: 

4 (a) creating a cost function for evaluating the cost of interference-plus-noise on a 

5 conventional channel that has been selected for assignment; 

6 (b) evaluating the cost function for obtaining a cost for a selected conventional 

7 channel if the selected conventional channel were to be assigned; 

8 (c) comparing the cost with a prescribed channel assignment cost level; and 

9 (d) admitting the call if the cost is less than the prescribed channel assignment 

10 cost level 

1 59. A call admission control method, based on a predictive interference model, for 

2 use in a wireless communication system for controlling admission of a connection 

3 for a new subscriber station, the method comprising: 

4 (a) creating a model of the wireless communication system for predicting a 

5 received signal level and interference-plus-noise level on each conventional 

6 channel based upon existing connections; 

7 (b) predicting the received signal level and interference-plus-noise level on each 

8 conventional channel based upon the model and upon existing connections; and 

9 (c) selecting a conventional channel for the new subscriber station that has an 

10 acceptably high predicted signal-to-interference-plus-noise ratio (SINR); and 

n (d) admitting the call if the SINR is greater than a prescribed admission level 
12 SINR threshold value. 
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1 60. A call admission control method for use in a wireless communication system for 

2 controlling admission of a connection of a new subscriber station, the method, based 

3 on an estimate of existing system call load, comprising: 

4 (a) estimating the existing call load for indicating how much of the system 

5 capacity is being utilized; 

6 (b) prescribing a call load threshold that is indicative of a maximal call load 

7 allowed for the system; and 

8 (c) comparing the existing call load with the call load threshold; and 

9 (d) admitting a new call if the estimated existing call load is less than the call 

10 load threshold. 

1 61 . The method of claim 60 wherein estimating in step (a) further comprises 

2 monitoring the rate at which intracell handoffs occur, and estimating the existing call 

3 load from the rate at which intracell handoffs occur. 

1 62. The method of claim 60 wherein step (a) further comprises estimating the 

2 existing call load by monitoring the rate of channel reassignments. 
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CHANNELIZATION CODE ALLOCATION FOR 
RADIO COMMUNICATION SYSTEMS 

BACKGROUND 

This invention generally relates to variable data rate transmissions and, more 
particularly, to techniques for efficiently allocating spreading codes for variable rate 
data transmissions. 

Cellular radio communication systems have recently been developed that use 
spread spectrum modulation and code division multiple access (CDMA) techniques. In 
a typical direct sequence CDMA system, an information data stream to be transmitted 
is superimposed on a much-higher-symbol-rate data stream sometimes known as a 
spreading sequence. Each symbol of the spreading sequence is commonly referred to 
as a chip. Each information signal is allocated a unique spreading code that is used to 
generate the spreading sequence typically by periodic repetition. The information 
signal and the spreading sequence are typically combined by multiplication in a process 
sometimes called coding or spreading the information signal. A plurality of spread 
information signals are transmitted as modulations of radio frequency carrier waves and 
are jointly received as a composite signal at a receiver. Each of the spread signals 
overlaps all of the other coded signals, as well as noise-related signals, in both 
frequency and time. By correlating the composite signal with one of the unique 
spreading sequences, the corresponding information signal can be isolated and decoded. 

As radiocommunication becomes more widely accepted, it will be desirable to 
provide various types of radiocommunication services to meet consumer demand. For 
example, support for facsimile, e-mail, video, internet access, etc. via 
radiocommunication systems is envisioned. Moreover, it is expected that users may 
wish to access different types of services at the same time. For example, a video 
conference between two users would involve both speech and video support. Some of 
these different services will require relatively high data rates compared with speech 
service that has been conventionally supplied by radio communication systems, while 
other services will require variable data rate service. Thus, it is anticipated that future 
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radio communication systems will need to be able to support high data rate 
communications as well as variable data rate communications. 

Several techniques have been developed to implement variable rate 
communications in CDMA radio communication systems. From the perspective of 
5 transmitting data at varying rates, these techniques include, for example, discontinuous 
transmission (DTX), variable spreading factors, multi-code transmission and variable 
forward error correction (FEC) coding. For systems employing DTX, transmission 
occurs only during a variable portion of each frame, i.e., a time period defined for 
transmitting a certain size block of data. The ratio between the portion of the frame 

10 used for transmission and the total frame time is commonly referred to as the duty 
cycle y. For example, when transmitting at the highest possible rate, i.e., during the 
entire frame period, y = 1, while for zero rate transmissions, e.g., during a pause in 
speech, y = 0. DTX is used, for example, to provide variable data rate transmissions 
in systems designed in accordance with the U.S. standard entitled "Mobile Station-Base 

15 Station Compatibility Standard for Dual-Mode Wideband Spread Spectrum Cellular 
System", TIA/EIA Interim Standard TIA/EIA/IS-95 (July 1993) and its revision 
TIA/EIA Interim Standard TIA/EIA/IS-95-A (May 1995). Such standards that 
determine the features of U.S. cellular communication systems are promulgated by the 
Telecommunications Industry Association and the Electronic Industries Association 

20 located in Arlington, Virginia. 

Varying the spreading factor is another known technique for providing variable 
data rate communication. As mentioned above, DS-CDMA spread spectrum systems 
spread data signals across the available bandwidth by multiplying each of the data 
signals with spreading sequences. By varying the number of chips per data symbol, 

25 i.e., the spreading factor, while keeping the chip rate fixed, the effective data rate can 
be controllably varied. In typical implementations of the variable spreading factor 
approach, the spreading factor is limited by the relationship to SF = 2 k xSF min where 
SF min is the minimum allowed spreading factor corresponding to the highest allowed 
user rate. 
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Another known technique for varying the transmitted data rate is commonly 
referred to as multi-code transmission. According to this technique, data is transmitted 
using a variable number of spreading codes where the exact number of codes used 
depends on the instantaneous user bit rate. Effectively, this means allocating a variable 
5 number of physical channels to a connection to provide variable bandwidth. An 

example of multi-code transmission is described in U.S. Patent Application Serial No. 
08/636,648 entitled "Multi-Code Compressed Mode DS-CDMA Systems and 
Methods", filed on April 23, 1996, the disclosure of which is incorporated here by 
reference. 

10 Yet another technique for varying the transmitted data rate in radio 

communication systems involves varying the FEC. More specifically, the rate of the 
forward error correction (FEC) coding is varied by using code-puncturing and 
repetition or by switching between codes of different rates. In this way the user rate is 
varied while the channel bit rate is kept constant. Those skilled in the art will 

15 appreciate the similarities between varying the FEC and a variable spreading factor as 
mechanisms to implement variable rate transmission. 

In both the uplink and downlink, it is desirable that any number of logical 
channels can be transmitted simultaneously to support a single connection between a 
base station and a mobile station to support various data rates. To transmit these 

20 logical channels over the radio interface, a number of physical channels are allocated. 
These physical channels are separated using different spreading codes (channelization 
codes), i.e., multicode transmission is used. Each physical channel can have one of 
several possible data rates, i.e., one of several possible spreading factors is used when 
spreading the data transmitted on the physical channel. To date, however, a flexible 

25 solution which allocates code words to physical channels taking into consideration the 
codes which have already been allocated to other channels and power considerations 
associated with the in-phase (I) and quadrature (Q) transmitter branches has not been 
provided. 
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Accordingly, it would be desirable to create new techniques and systems for 
allocating spreading codes in a flexible manner that supports multicode transmissions 
and variable spreading factors, and that optimizes power efficiency. 

SUMMARY 

These and other problems associated with previous communication systems are 
solved by Applicants' invention, wherein spreading codes are allocated for physical 
channels taking into consideration the spreading codes already allocated to other 
physical channels to be transmitted in parallel therewith. For example, if the physical 
channel being allocated a spreading code is a control channel (PCCH), then techniques 
according to the present invention investigate whether another physical channel on 
either the I or Q branches of the transmitter has already been assigned a spreading code 
so that the PCCH can be allocated a spreading code which makes the PCCH orthogonal 
to all other physical channels used in the composite spread spectrum signal. Moreover, 
for physical data channels (PDCH), techniques according to the present invention 
determine if any other channels have previously been assigned spreading codes on the 
same I or Q branch as the channel currently under investigation. If so, this PDCH is 
allocated a spreading code that makes the PDCH orthogonal to other PDCHs in the 
same branch, as well as to the PCCH. 

According to other exemplary embodiments of the present invention, in addition 
to assigning a spreading code to each physical channel, the physical channels are also 
allocated between the I and Q branches of the transmitter in a manner intended to 
balance power between the two branches and improve power amplifier performance. 
For example, if the data rate associated with a connection to be set up is relatively low, 
then the connection may be supported by one PDCH and one PCCH, one of which is 
assigned to the I branch of the transmitter and the other to the Q branch. If, however, 
the data rate associated with a connection to be set up is relatively high, then assigning 
the PDCH to one branch and the PCCH to the other creates a large power discrepancy 
between the two branches. In such a case, the data can be transmitted on two PDCHs 



WO 99/03224 



PCT/SE98/01317 



-5- 

each of which are allocated to the I and Q branches of the transmitter, respectively, and 
the control channel can be allocated to either the I or Q branch. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The features and objects of Applicants' invention will be understood by reading 
this description in conjunction with the drawings, in which: 

FIG. 1A is a block diagram representation of an exemplary transmitter structure 
in which the present invention can be implemented; 

FIG. IB illustrates an alternative scrambling technique which can be 
implemented in the transmitter of FIG. 1A; 

FIG. 2 is an exemplary code tree; 

FIG. 3 is a flowchart depicting allocation of physical channels between the I and 
Q branches of a transmitter according to an exemplary embodiment of the present 
invention; and 

FIG. 4 is a flowchart illustrating the allocation of spreading codes to physical 
channels according to the present invention. 

DETAILED DESCRIPTION 

While this description is written in the context of cellular communications 
systems involving portable or mobile radio telephones, it will be understood by those 
skilled in the art that Applicants' invention may be applied to other communications 
applications. 

According to exemplary embodiments of the present invention, CDMA systems 
can support variable bit rate services, such as speech, by providing control information 
in each frame which specifies the instantaneous data symbol rate for that frame. In 
order to accomplish this in a regular time interval, physical channels can be organized 
in frames of equal length (timewise). Each frame carries an integer number of chips 
and an integer number of information bits. 

Using this exemplary frame structure, bit rate control information can be 
provided for every CDMA frame by transmitting this information on a separate 
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physical channel. The physical channels carrying the data and the control information 
(e.g., including pilot/reference symbols for channel estimation, power control 
commands and rate information of the data) can be denoted as physical data channel 
(PDCH) and physical control channel (PCCH), respectively. Each connection between 
a mobile station and a base station will be supported by a PCCH and at least one 
PDCH. The spreading code, symbol rate, or equivalently spreading factor, of the 
PCCH are known a priori to the receiver. In this way, the receiver can determine the 
data rate of the PDCH(s) from the PCCH prior to demodulating/decoding the 
PDCH(s). Exemplary techniques for handling BRI information are described in 
commonly-assigned, copending U.S. Patent Application Serial No. 

, entitled "Low-Delay Rate Detection for Variable Rate 

Communication Systems" to Dahlman et al., filed on an even date herewith. 

Many potential advantages are attributable to variable rate transmission. For 
example, interference can be reduced for various users of the system since the chip rate 
is kept constant and a lower bit rate gives a higher spreading factor, thus allowing a 
lower transmit power. Those skilled in the art will readily appreciate how this ability 
to vary the information rate in a CDMA system can be used advantageously to vary 
other parameters. However, techniques for efficiently allocating spreading codes to the 
various physical channels (i.e., PCCH and PDCH(s)) are needed and described below. 

A physical channel is a bit stream of a certain rate, that is spread using a certain 
code and allocated to either the in-phase (I) or quadrature (Q) branch in a transmitter. 
Variable rate services are supported through spreading with a variable spreading factor 
as described above. A number of data streams are spread to the chip rate using Walsh 
codes of different length, followed by summation and, if desired, scrambling. The 
structure of an exemplary transmitter (usable, e.g., in either a base station or a mobile 
station) which performs these spreading, summing and scrambling operations is 
illustrated in Figure 1A. 

Therein, a first data stream I } is supplied to multiplier 10 having a data rate of 
R x which is equal to the chip rate R c divided by the spreading factor SF H for that data 
stream. This data stream is spread with a channelization code word C„ having a length 
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of 2 k chips which is selected such that the output of multiplier 30 has a chip rate R c by 
selecting a value for k that is related to the desired data rate of physical channel I For 
example, a physical channel data rate of 250 kbps is spread to a chip rate of 4 Mcps by 
using a channelization code of 16 (2 4 ) chips long. More details regarding the allocation 
of a particular channelization code according to the present invention are described 
below. Similarly, additional data streams are supplied to multipliers 12, 14 and 16 
(and other branches which are unillustrated) to spread their respective data streams with 
channelization code words having a length which is selected to result in a chip rate R c . 
The rate of the data streams can be limited to such an interval that the spreading factors 
used are larger or equal to a predetermined 5F ra „. Each physical channel is then 
weighted by respective amplifiers 18, 20, 22 and 24. The weights can be individually 
chosen to allocate power to each physical channel so that predetermined quality 
requirements, e.g., the bit error rate of each physical channel, are satisfied. The 
physical channels in the "I" branch of the transmitter are summed at summer 26. 
Similarly, the physical channels in the "Q" branch of the transmitter are summed at 
summer 28. Scrambling, if desired, is then performed on the superimposed physical 
channels. This can be done in at least two ways. First, as shown in Figure 1A, 
scrambling can be performed by forming the I and Q pairs as a complex number at 
blocks 30 and 32 and then multiplying the result with another complex number (i.e., 
the complex valued scrambling code c scramb =c,+jc Q ) at block 34. Scrambling can also 
be performed on the I and Q branches separately as illustrated in Figure IB, by 
multiplying I and Q with two real valued scrambling codes c, and c Q at blocks 36 and 
38. The scrambling code is clocked at the chip rate. The resultant signal is output, 
e.g., to transmit signal processing circuitry (e.g. a QPSK or O-QPSK modulator 
followed by, possibly, pulse-shaping filters), amplified by a transmit power amplifier 
(not shown) and ultimately coupled to an antenna (also not shown). 

The Walsh codes used for spreading at multipliers 10-16 can be viewed in a tree 
like manner, as illustrated in Figure 2. Codes on the same level in the tree are 
orthogonal and have the same spreading factor. Thus, codes c 4A , c 4 2 , c 4 3 and c 4 4 are 
orthogonal codes each of which have the same spreading factor, i.e., the same number 
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of chips. If a physical channel is spread with a first code in the tree, and another 
physical channel is spread with another code which is (1) not the same as the first code, 
(2) not to the left of the first code on the path to the root of the tree and (3) not in the 
subtree which has the first code as the root, then the two spread physical channels will 
be orthogonal. For example, if the PCCH is allocated code c 4J and a PDCH is 
allocated code c 8 5 , then these two spread channels would be orthogonal. If, however, 
the PDCH was allocated code c 8> , or c g 2 , then the PCCH and PDCH would be non- 
orthogonal. Every physical channel is allocated a spreading code from the tree, with 
spreading factors matching the respective data rates. As the data rate varies for a 
particular PDCH, a code from a different level of the tree will be allocated. For 
example, increasing data rates will cause code selection to move to the left in the tree, 
while for decreasing data rates code selection will move to the right. Thus, a typical 
variable rate PDCH will typically move up and down along a certain path in the code 
tree as its data rate varies. Allocation of physical channels to the I and Q branches of 
the transmitter, as well as codes from the code tree in Figure 2 as spreading codes 
(e.g., c„ Cq„ etc. in Figure 1A) can be made according to the following rules in 
accordance with the present invention. 

Figure 3 is a flowchart which illustrates an exemplary technique for allocating 
the physical channels between the I and Q branches of a transmitter according the 
present invention for the case where a single PDCH can be used (i.e., has sufficient 
bandwidth) to support a connection. Those skilled in the art will appreciate that this 
technique provides for a relatively balanced transmit power for the each of the I and Q 
branches which in turn provides better power amplifier performance. The flow begins 
at block 40 wherein it is determined whether the power that would be needed to 
transmit the single PDCH is significantly greater than that needed to transmit the 
PCCH. For example, if the PDCH is to be transmitted at a much higher rate than the 
PCCH or if the quality of service (QoS) requirements for the PDCH are higher, then 
the power requirements will be correspondingly higher. In such a case, the flow 
proceeds to block 42 wherein the data stream is split into two lower rate PDCHs. The 
three physical channels can then be allocated, for example, as illustrated in block 42 to 
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the I and Q branches in a manner which will help to more evenly balance the transmit 
power between these two branches. If, on the other hand, it is determined at block 40 
that the PDCH is not to be transmitted at a significantly greater power than the PCCH, 
then the flow proceeds to block 44 wherein the control channel is allocated to one of 
5 the branches and the data channel to the other. Note that the particular selection of Q 
and I in blocks 42 and 44 is exemplary only and that these designations could of course 
be reversed. 

Having assigned the physical channels to a respective one of the I and Q 
branches in the transmitter, the next allocation to be made according to the present 

10 invention is the selection of a spreading code for each of the physical channels. 

According to the present invention, the spreading code selected to spread the PCCH 
should be such that the PCCH is orthogonal to all of the other physical channels to be 
transmitted in the composite spread spectrum signal, i.e., orthogonal to all channels in 
both the I and Q branches. This characteristic is desirable because the PCCH must 

15 first be demodulated and decoded at the receiver to provide channel estimates which are 
used to process the data channels transmitted in the same spread spectrum signal. 
Accordingly, an exemplary technique for allocating spreading codes according to the 
present invention will now be described with respect to the flowchart of Figure 4. The 
flow begins at block 52 wherein it is determined whether the present channel that is 

20 being allocated a spreading code is a data channel or a control channel. If the channel 
currently being allocated a spreading code is a PDCH then the flow proceeds to block 
54. Therein, this PDCH is allocated a spreading code which makes the PDCH 
orthogonal to the PCCH (if the PCCH has already been allocated a spreading code) and 
which makes the PDCH orthogonal to any other PDCH that is on the same I or Q 

25 branch of the transmitter. For example, suppose that at the time this particular PDCH 
is being allocated a spreading code that the PCCH has already been allocated code c 4 , 
and another PDCH has already been allocated code c 8 5 . Further, assume that this 
particular PDCH is to be transmitted at a data rate that requires a level 3 code with 
respect to the code tree of Figure 2. According to the present invention, this particular 

30 PDCH could then be allocated any of codes c 8f3 , c M , c 8i6 , c 8>7 and c 8t8 . This PDCH 
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could not be allocated to codes c gfl or c 82 since such allocations would result in non- 
orthogonality with the control channel. This PDCH could, however, be allocated code 
c 8 5 if it is assigned to the opposite transmitter branch of the PDCH which has already 
been assigned this spreading code. 

The flow then proceeds to block 56 whereupon more codes are allocated if 
additional channels remain. Otherwise the process terminates. If, at block 52, a 
control channel is being evaluated for spreading code allocation, then the flow proceeds 
to block 58. Therein, a code is selected which makes the control channel orthogonal to 
all channels previously allocated codes so that the PCCH can be readily decoded and 
demodulated at the receiver to provide channel estimates for use and evaluating the data 
channels. 

It will be understood that Applicants' invention is not limited to the particular 
embodiments described above and that modifications may be made by persons skilled in 
the art. The scope of Applicants' invention is determined by the following claims, and 
any and all modifications that fall within that scope are intended to be included therein. 
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We Claim: 

1. A transmitter having an in-phase (I) branch and a quadrature (Q) branch 
for transmitting a composite, spread spectrum signal including at least two physical 
channels, said transmitter comprising: 

means, associated with said I branch, for spreading data associated with 
one of said at least two physical channels using a first spreading code to generate a first 
spread physical channel; and 

means, associated with said Q branch, for spreading data associated with 
another of said at least two physical channels using a second spreading code to generate 
a second spread physical channel; 

wherein said first and second spreading codes have a different number of 
chips and said first and second spreading codes are selected so that said first and 
second spread physical channels are orthogonal to one another. 

2. The transmitter of claim 1, wherein said one of said at least two physical 
channels is a control channel (PCCH) and said another of said at least two physical 
channels is a data channel (PDCH). 

3. The transmitter of claim 2, further comprising: 

means for balancing power associated with said I and Q branches of said 
transmitter by selectively allocating said at least two physical channels to said I and Q 
branches based on transmit power requirements. 

4. The transmitter of claim 3, wherein said at least two physical channels 
include a second PDCH which is spread using a third code to generate a third spread 
physical channel, and wherein said means for balancing power allocates said second 
PDCH to a same branch of said transmitter as said PCCH to based on said transmit 
power requirement. 
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5. The transmitter of claim 4, wherein said second and third spread 
physical channels are orthogonal. 

6. The transmitter of claim 4, wherein said second and third spread 
physical channels are non-orthogonal. 

7. The transmitter of claim 4, wherein said second and third codes are the 
same codes. 

8. A method for allocating spreading codes to a plurality of physical 
channels to be transmitted in a composite spread spectrum signal in a radio 
communication system comprising the steps of: 

allocating a first spreading code having a first number of chips to a 
control channel so that said control channel is orthogonal to others of said plurality of 
physical channels in said composite spread spectrum signal; and 

allocating a second spreading code having a second number of chips 
different from said first number of chips to a first data channel, which second spreading 
code is selected such that said control channel and said first data channel are orthogonal 
to one another. 

9. The method of claim 8, wherein said control channel conveys reference 
information usable to make channel estimates. 

10. The method of claim 8 further comprising the step of: 

allocating a third spreading code having a third bit length to a second 
data channel, said third spreading code selected such that said control channel and said 
second data channel are orthogonal to one another. 

11. The method of claim 10, wherein said first and second data channels are 
orthogonal. 
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12. The method of claim 10, wherein said first and second data channels are 
non-orthogonal. 

13. The method of claim 10, wherein said second and third spreading codes 
5 are the same codes. 



14. The method of claim 10, further comprising the steps of: 

assigning said second data channel to one of an I and a Q branch in a 
transmitter; and 

10 assigning said third data channel to the other of said I and Q branches. 



15. The transmitter of claim 1, further comprising: 

means for scrambling said first and second spread physical channels of 
said I and Q branches, 

15 

16. A method for allocating spreading codes to a plurality of physical 
channels to be transmitted in a composite spread spectrum signal in a radio 
communication system comprising the steps of: 

allocating a first spreading code having a first number of chips to a first 
20 data channel; and 

allocating a second spreading code having a second number of chips 
different from said first number of chips to a control data channel, which second 
spreading code is selected such that said control channel and said first data channel are 
orthogonal to one another. 

25 

17. The method of claim 16, wherein said control channel conveys reference 
information usable to make channel estimates. 



18. The method of claim 16 further comprising the step of: 
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allocating a third spreading code having a third bit length to a second data 
channel, said third spreading code selected such that said control channel and said 
second data channel are orthogonal to one another. 

19. The method of claim 18, wherein said first and second data channels are 
orthogonal. 

20. The method of claim 18, wherein said first and second data channels are 
non-orthogonal. 

21 . The method of claim 18, wherein said second and third spreading codes 
are the same codes. 

22. The method of claim 18, further comprising the steps of: 
assigning said second data channel to one of an I and a Q branch in a 

transmitter; and 

assigning said third data channel to the other of said I and Q branches. 
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